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COMMITTEE ON ACOUSTICAL STANDARDIZATION 
ACOUSTICAL SOCIETY OF AMERICA 


As directed by a resolution of the Society at the Chicago meeting, 
December, 1929, the Committee listed below was appointed to consider 
standardization of acoustical terms. The preliminary and tentative 
report of this Committee is appended. 

The purpose of this report is to define the terms used in the various 
branches of acoustics in order to reduce the confusion which exists due 
to the use of a single term to represent different concepts and of several 
terms to represent the same concept. The definitions were made to agree 
as much as possible with the current use of the term by the majority of 
writers, but for the sake of consistency this was not always possible. 
In a few cases it was even thought desirable to have two distinct defini- 
tions for the same term, as in the case of “sound.” The attempt has been 
made to define terms in a form which will be of practical use to as large a 
number of members of the Society as possible. Especially mathematical 
forms of definition have therefore been avoided even, in some cases, at 
the expense of complete generality. It is thought that one definition 
might properly be adopted by this Society for a concept whereas a 
differently worded definition might be preferred by some other organiza- 
tion. 

The Executive Council has requested this Committee to continue its 
work. It is hoped that the attached material may receive serious con- 
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interested in this field and that comments, criticisms and suggestions 
will be sent freely and promptly to the Committee. Such suggestions 
may be forwarded to the secretary of the Committee or any of its mem- 
bers or to the secretary of the Society. 


F. A. FIRESTONE, University of Michigan, Ann Arbor, Mich. 
R. F. Norris, Burgess Laboratories, Madison, Wis. 
G. W. Stuart, University of Iowa, Iowa City, Iowa 


sideration not only by the membership of the Society but by any others 
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GENERAL DEFINITIONS 


Sound—(a) Sound is a wave motion in an elastic material medium. 

(b) Sound is also the sensation produced through the ear by a wave motion as 

defined above. 
Cycle (~)—One complete set of the recurrent values of a periodic phenomenon is called 
a cycle. 
Note: The term “cycle” is often used as an abbreviation of “cycles per second.” 
Period (7)—The time required for one complete cycle of a periodic quantity is the 
period. The unit is the second. 
Frequency (f)—The number of cycles occurring per unit of time, or which would occur 
per unit of time if all subsequent cycles were identical with the cycle under considera- 
tion is called the frequency. The frequency is also the inverse of the period. The unit 
is the cycle per second, or merely the “cycle” (see 1002). 
Frequency Level (f,)—The frequency level of a sound is defined as the logarithm to the 
base two of the frequency 
Su = loge f 

The unit is the octave. 
Phase (¢)—Phase is the fraction of the whole period which has elapsed, measured from 
some fixed origin. 
Wavelength (\)—The wavelength of any progressive wave is the least distance, meas- 
ured along the path of progression, between two points differing in phase by one period, 
Diffuse Sound—Sound is said to be in a diffuse state when in the region considered the 
energy density, averaged over regions large compared to the wavelength, is uniform; 
and when all directions of energy flux at all parts of the region are equally probable. 
Bel—The Bel is defined by the relation N =logio P;/Po where N is the number of bels 
by which the power P; exceeds the power Po. The decibel (db) equal to one-tenth of a 
bel is very commonly used. 


Bar—A bar is a pressure of one dyne per square centimeter. 


Static Pressure (P»)—The static pressure is the pressure that would exist in the medium 
with no sound waves present. The unit is the bar. 
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Instantaneous Sound Pressure (P;)—The instantaneous sound pressure at a point is 

the total instantaneous pressure at the point minus the static pressure. The unit is the 

bar. 

Sound Pressure (P)—The sound pressure is the root mean square value of the instan- 

taneous sound pressure over a complete cycle. The unit is the bar. 

Maximum Sound Pressure Pmax)—The maximum sound pressure for any given cycle 

is the maximum absolute value of the instaritaneous sound pressure during that cycle. 

The unit is the bar. 

Peak Sound Pressure (P,)—The peak sound pressure for any specified interval is the 

maximum absolute value of the instantaneous sound pressure over that interval. The 

unit is the bar. 

Sound Energy Flux (J)—Sound energy flux is the average over one period of the rate 

of flow of sound energy perpendicularly through any specified area. The unit is the erg 

per second. 

Note: In a gas of density p, for a free progressive wave of velocity C, the sound energy 
flux perpendicularly through the area “a” (Square centimeters) corresponding 
to a sound pressure P is 


Pa 
J = — ergs per second 
pC 


which for air under average conditions becomes 
Pa 
sale 5 ergs per second. 


Sound Energy Density (£Z)—Sound energy density is the sound energy per unit volume. 
The unit is the erg per cubic centimeter. 
Sound Intensity (7)—The intensity of a sound is defined in terms of the sound pressure 
P, the wave velocity C, and the density of the medium p, by the relation 
P2 
I cues 
pC 
This is equal to the sound energy flux per unit area for a free progressive wave having 
the same values for P and C in the same medium of density p. The unit is the erg per 
second per square centimeter. 
Intensity Level—The intensity level of a sound is defined as the logarithm to the base 
ten of the intensity. The unit is the bel. 
Note: In air under average conditions the intensity level of a sound is given by 
I.L.= —1.6+2 logio P where P is the sound pressure. 
Interference—Interference is the destructive or reinforcing action of two or more 
waves arriving at the same position simultaneously. 
Diffraction—Diffraction is the change in direction of propagation of the sound, due to 
the passage of the wave around the edge of an obstacle. 
Refraction—Refraction is the change in direction of propagation of a sound wave due 
to changes in speed of the wave in different parts of the path. The speed must be rela- 
tive to some fixed reference system. 
Regular Reflection—Regular reflection of a sound is a reflection which gives rise to an 
image of the source of sound. 
Diffuse Reflection—Diffuse reflection is reflection from many surfaces not in the same 
plane, so that no single image of the sound source can be formed. 
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Beats—Beats are the periodic variations of the sound intensity at a point due to the 

interference of two sound waves of different frequencies. 

Stationary Waves—Stationary waves result from the interference of two or more wave 

trains of the same frequencies; and are characterized by the existence of the medium 

of certain points, (lines, or surfaces) at which the amplitude of vibration is zero, and by 

a zero average sound energy flux at all points. 

Semi-stationary Waves—Semi-stationary waves result from the interference of two or 

more wave trains of the same frequencies; and are characterized by the existence in the 

medium of certain points, (lines or surfaces) having a minimum amplitude of vibration. 

Nodes—Nodes are the points, lines or surfaces of a stationary wave system which have 

a zero amplitude. 

Note: It is thus possible to have different types of nodes such as pressure nodes or 
velocity nodes and hence the type must be specified. 

Partial Nodes—Partial nodes are the points, lines or surfaces of a semi-stationary wave 

system which have a minimum amplitude of vibration. 

Antinodes—Antinodes are the points, lines, or surfaces of a stationary wave system 

which have a maximum amplitude. 

Echo—The sound received after reflection and arriving sufficiently later than the initial 

sound impulse to be definitely distinguished from it is called an echo. 

Multiple Echo—A succession of separately distinguishable echoes from a single source 

is called a multiple echo. 

Harmonic Echo—If in the reflection of a complex tone the higher frequency components 

predominate in the echo it is called a harmonic echo. 

Flutter Echo—A flutter echo is the conversion of a single pulse into a periodic succession 

of reflected pulses. If the frequency of the flutter echo is in the audible range it is called 

a musical echo. 

Unpitched Sound—<An unpitched sound is any sound to which no definite pitch can be 

assigned, or an irregular succession of sound waves. 

Noise—Noise is any undesired sound. 

Background Noise—Any noise accompanying the artificial reproduction of music or 

speech is called background noise. Background noise may result from needle scratch 

in playing phonograph records, amplifier noises, line noises, transmitter noises, etc. 


ARCHITECTURAL ACOUSTICS 


Acoustic Reflectivity—The acoustic reflectivity of a surface, not a generator, is the ratio 
P of the rate of flow of sound energy reflected from the surface, on the side of incidence, 
to the incident rate of flow. Unless otherwise stated, the incident flow is assumed to be 
diffuse. Also, unless otherwise specified the values given apply to a portion of an in- 
finite surface thus eliminating edge effects. 

Acoustic Absorptivity—The acoustic absorptivity of a surface is equal to one minus the 
reflectivity of that surface. 

Absorbing Power—The absorbing power of an object is the ratio of the sound energy 
absorbed by the object to the energy absorbed per unit area (exclusive of edge effects) 
of a surface of unit absorptivity placed in the same diffuse sound field. The unit is the 
sabin provided the unit area is the square foot. 

Acoustic Transmittivity—The acoustic transmittivity of an interface or septum is the 
ratio of the rate of flow of transmitted sound energy to the rate of the incident flow. 
Reverberation—Reverberation is the persistence of sound in an inclosure due to re- 
peated reflections after the source has been cut off. 
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Rate of Decay (5)—The rate of decay at any given instant P is the proportional rate at 
which the variable under consideration is decreasing at that instant; in the case of an 
exponential decrease the rate of decay is constant. The practical unit for the rate of 
decay of sound intensity is the decibel per second. 


Reverberation Time—The reverberation time for a given frequency for an inclosure is 
the time required for the average energy density, initially in a steady state, to decrease 
along any simple or complicated decay curve to one millionth of its value when the 
source was cut off. The unit is the second. 


Equivalent Reverberation Time—The equivalent reverberation time for a given fre- 
quency for an inclosure in which the initial sound has been continued until a steady 
state has been reached is defined by the equation T= 60/5, where 4 is the rate of decay 
of the average sound energy density in decibels per second. If the rate of decay of the 
residual sound is constant then the inclosure under question has but one equivalent re- 
verberation time. If the rate of decay takes on a number of values so also wil] the equiv- 
alent reverberation time. The unit is the second. 


Local Transient Time—The local transient time for an inclosure for specified positions 
of source and observer, and for a sound of specified duration and frequency, is the time 
required for the sound energy density at the point of observation to fall to one millionth 
of the value it would have reached had the source of sound continued until a steady 
state was reached. The unit is the second. 


Local Transient Reverberation Time—The local transient reverberation time for an 
inclosure for specified positions of source and observer, and for a sound of specified 
duration and frequency, is the time required for the sound energy density at the point of 
observation to decrease to one millionth of its value at the time the source was cut off. 
The unit is the second. 


HEARING 


Pitch (p)—Pitch is that subjective quality of a sound which determined its position in 
the musical scale. Pitch may be measured as the frequency of that pure tone having a 
sound pressure of one bar which seems to the average normal ear to occupy the same 
position in the musical scale. The unit is the cycle per second or the octave. 


Lower Frequency Limit of Audibility (f,)—The minimum frequency, for a sinusoidal 
sound wave, that will produce a sensation of tone is the lower frequency limit of 
audibility. 

Upper Frequency Limit of Audibility (f,,.)—The maximum frequency for a sinusoidal 
sound wave, that will produce a sensation of tone, is the upper frequency of audibility, 


Threshold of Audibility—The minimum value of the sound pressure of a sinusoidal 

wave of a specified frequency which gives the ear a sensation of tone in a silent place is 

called the threshold of audibility for that frequency and for that particular ear. This 
term is often used to denote the minimum value of the sound pressure of any specified 

complex wave (such as speech of music) which gives the ear a sensation of sound in a 

silent place. It is expressed in bars. 

Note: The threshold of audibility is also expressed in terms of the sound intensity in 
ergs per second per square centimeter, or in terms of the intensity level in deci- 
bels corresponding to the above intensity. 

Normal Threshold of Audibility—The normal threshold of audibility is the average of 

the threshold intensity levels of a large number of normal ears. The result is often 

expressed in bars. 

Note: The term may be shortened to “Normal Threshold” when no danger of confusing 
it with the normal threshold of feeling exists. 
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Threshold of Feeling—The threshold of feeling is the minimum sound pressure which 
at a given frequency will stimulate the ear to a point at which there is the sensation of 
feeling. It is expressed in bars. 

Normal Threshold of Feeling—The normal threshold of feeling is the average of the 
threshold intensity levels of a large number of normal ears. The result is often expressed 
in bars. 

Sensation Level—The sensation level of a sound is the difference between the intensity 
level of the sound and the intensity level at the threshold of audibility. It is expressed 
in decibels. 

Deafness—The deafness of an ear at a frequency is the difference between the threshold 
level of audibility for that ear and the normal threshold level, at the same frequency. 
It is expressed in decibels. 

Per Cent Deafness—The per cent deafness at any given frequency is one hundred times 
the ratio of the deafness in decibels to the number of decibels between the normal 
threshold levels of audibility and feeling at that frequency. 

Deafness Rating—The deafness rating of an ear is empirically defined as the mean of 
the per cent deafness at frequencies of 512, 1024 and 2048 cycles per second. 
Deafness Distortion—Deafness distortion is a change in the character of a sound sensa- 
tion caused by different values of deafness for different frequencies. 

Air Conduction Perception—<Air conduction perception is perception in which the sound 
is conducted to the inner ear through the air in the meatus. 

Bone Conduction Perception—Bone conduction perception is perception in which the 
sound is conducted to the inner ear by the cranial bones. 

Loudness—The loudness is that subjective quality of a sound which determines the 
magnitude of the sensation produced by that sound for the average normal ear. Loud- 
ness is usually measured as the intensity level of the 1000 cycle pure tone which gives 
the same magnitude of sensation for the average normal ear. 

Masking Effect of a Sound—The masking effect (at any given frequency) of a sound is 
the shift of the threshold of audibility at that frequency due to the presence of this 
masking sound. The unit is the decibel. 

Auditory Sensation Area—The auditory sensation area is the area on the frequency 
pressure diagrams enclosed by the curve defining the threshold of feeling and the 
threshold of audibility. 

Audiogram—An audiogram is a graph of deafness plotted against frequency or against 
frequency level. 

Noise Audiogram—A noise audiogram is a graphical record of the masking effect, due 
to a given noise, as a function of frequency of the masked tone. 

Loudness Contours—Loudness contours are graphs of intensity level plotted against 
frequency level for sinusoidal sound waves of equal loudness. 

Instantaneous Speech Power—The instantaneous speech power is the rate at which 
sound energy is being radiated by the speaker at any given instant. It is measured in 
ergs per second. 

Average Speech Power—The average speech power for any given period is the average 
value of the instantaneous speech power, over that period. It is measured in ergs per 
second. 

Mean Speech Power—The mean speech power is the value of the average speech power 
when taken for a period of 1/100 second. It is measured in ergs per second. 

Phonetic Speech Power—The phonetic speech power is the maximum value of the 
mean speech power of a vowel or consonant sound. It is measured in ergs per second. 
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Peak Speech Power—The peak speech power is the maximum value of the instan- 
taneous speech power over the time interval considered. It is measured in ergs per 
second. 
Discrete Sentence Intelligibility—The discrete sentence intelligibility is the percentage 
of the total number of spoken sentences which are correctly understood, when each 
sentence conveys a simple idea and is of a form to test the observer’s acuteness of per- 
ception rather than his intelligence. 
Discrete Word Intelligibility—The discrete word intelligibility is the percentage of the 
total number of spoken words which are correctly understood, when the words are 
selected at random, but in relation to their normal frequency of use. 
Syllable Articulation—The syllable articulation is the percentage of the total number of 
spoken syllables which are correctly recognized, for syllables of the consonant-vowel- 
consonant type and without meaning. 
Sound Articulation—The sound articulation is the percentage of the total number of 
spoken fundamental sounds which are correctly recognized, when the sounds are spoken 
in syllables of the consonant-vowel-consonant type and without meaning. 
Vowel, Consonant, Initial Consonant or Final Consonant Articulation—The vowel, 
consonant, initial consonant or final consonant articulation is the percentage of the 
total number of spoken vowels, consonants, initial consonants or final consonants, re- 
spectively, that are correctly recognized, when the sounds are spoken in syllables of the 
consonant-vowel-consonant type and without meaning. 
Individual Sound Articulation—The individual sound articulation is the percentage of 
the total number of times that a specific sound such as “e” was spoken, that it was cor- 
rectly recognized when the sound is spoken in syllables of the consonant-vowel type 
and without meaning. 

Music 


Tone—A tone is a musical sound giving a definite pitch sensation. 
Pure Tone—A pure tone is a tone produced by an instantaneous sound pressure which 
is a simple sinusoidal function of the time. 
Interval—The interval between two tones is the numerical difference of the frequency 
levels of the two tones. The unit is the octave, or its submultiple the millioctave. 
Note 1: The interval between two tones can also be expressed as the ratio of the higher 

frequency to the lower. 
Note 2. Interval = (logsfz — log2f,) 1000 millioctaves 

= 3 320 (logio f2 — logio fi) millioctaves. 


Note—A note is a character designed to represent to the eye the relative duration of a 

tone and by its position on the staff, the relative pitch of that tone. 

Octave—An octave is the interval between two frequencies having a ratio of two to one. 

One octave is equal to 1000 millioctaves. 

Chord—A chord is a combination of several tones sounded together and whose fre- 

quencies are in the ratios of small whole numbers. 

Note: In the case of the tempered scale these relations are only approximate. 

Diad—A diad is a combination of two tones sounded simultaneously and whose fre- 

quencies are related as the ratio of small numbers. 

Tetrad—A chord of four tones is called a tetrad. 

Major Triad—A major triad is a chord of three tones whose frequencies are as 4:5:6, 

Note: The use of the term major triad has also been extended to include any case of a 
fundamental tone sounded together with its major third and perfect fifth. On 
any but the natural scale the frequencies of these tones do not bear the simple 
ratios given above. 
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Minor Triad—A minor triad is a chord of three tones whose frequencies are as 10:12:15. 

Note: The use of the term has been extended to include any case of a fundamental tone 
sounded together with its minor third and perfect fifth. On any but the natural 
scale, the frequencies of these tones do not bear the simple ratios given above. 

Diminished Triad—A diminished triad is a chord of three tones whose frequencies are 

as 25:30:36. 

Note: In a more general sense a diminished triad consists of a fundamental tone 
sounded together with its minor third and its minor fifth. 

Augmented Triad—An augmented triad is a chord of three tones whose frequencies are 

as 16:20:25. 

Note: In a more general sense an augmented triad consists of a fundamental tone 
sounded together with its major third and its augmented fifth. 

Musical Scale—A musical scale is a series of tones ascending or descending in frequency 

by definite intervals. 

Natural Scale—The natural scale is a musical scale in which the intervals can be ex- 

pressed by the ratios of small numbers. (See Note 1, def. 4003). 

Equally Tempered Scale—An equally tempered scale is a musical scale in which all the 

intervals are made equal. 

Note: In the equally tempered scale ordinarily used, the intervals are all equal to 83.3 
milli-octaves or expressed as a ratio they are 2"/", 

Majer Diatonic Scale—The major diatonic scale is a musical scale containing seven in- 

tervals to the octave and based upon the intervals of the major triad. 

Note: This relationship can be represented as follows: 

S Pw Se aS we ee 
4——__3——_—_-6 


{—________________________2? 
Chromatic Scale—The chromatic scale is a musical scale containing twelve intervals to 
the octave and obtained from the diatonic scale by the addition of five half step inter- 
vals placed so as to make the resultant scale have approximately equal intervals. 
Harmonic—A harmonic is a component of a periodic quantity having a frequency which 
is an integral multiple of the fundamental frequency. For example, a component, the 
frequency of which is twice the fundamental frequency, is called the second harmonic. 
Overtone (Partial)—An overtone is a component of a tone having a frequency which 
may or may not be an integral multiple of the frequency of the fundamental. For 
example, the frequency of the first overtone of a certain type of vibrating reed is 6.27 
times the fundamental frequency of the tone. 
Tone Quality—The tone quality is that subjective chracter of the sound sensation 
which depends primarily upon the number of overtones and upon the relative magni- 
tudes, frequencies and durations of the fundamental and the overtones. 
Distuned—aAn interval is said to be distuned when it is made different from the value 
as given by the musical scales used. 
Frequency Notation—Having chosen one cycle per second as reference frequency level 
the octave in which a note lies is to be indicated by a lower case letter with the proper 
subscript; for example, a tone having a frequency between 256 and 512 cycles per second 
would be indicated by the proper lower-case letter with the subscript 8 (i.e. as). To indi- 
cate a note without reference to the octave in which it lies the proper capital letter is to 
be used without subscript, the same note in the next higher octave being then indicated 
by that capital letter primed. 











215. 
one 
ural 
ove. 

are 


one 
are 
one 


ncy 


the 


33.3 


s to 
ter- 


‘ich 
the 
nic. 
‘ich 
For 
27 


ion 
ni- 


lue 


vel 
per 
ynd 
di- 


; to 
ted 





1931] REPORT OF STANDARDIZATION COMMITTEE — 319 


. 


MUSICAL INTERVALS 

















Interval 











pr Note Frequency Ratio Millioctaves 
Natural Scale Tempered Scale — a ay 

Unison © 4 1.000 | 1 1.000 0 0 
Comma 81/80 1.013} 1 1.000 17.92 0 
Semitone or diesis c# 25/24 1.042} 2/2 1.059 58.89 83.33 
Limma 16/15 1.067 | 22 1.059 93.11 83.33 
Minor second Db 27/25 1.080} 24/2 1.059 111.0 83.33 
Minor tone 10/9 111 | ee 1.172 152.0 166.6 
Major second D 9/8 1.125 | 22/12 1.122 169.9 166.6 
Augmented second DF 75/64 1.172 | 23/12 1.189 228.8 250.0 
Minor third Eb 6/5 1.200 | 23/2 1.189 263 .0 250.0 
Major third E 5/4 1.250 | 24/2 1.260 321.9 333.3 
Diminished fourth Fb 32/25 1.280} 24/12 1.260 356.1 333.3 
Augmented third EX | 125/96 1.302| 25/2 1.335 380.7 416.5 
Perfect fourth F 4/3 1.333 | 25/12 1.335 414.8 416.5 
Augmented fourth Fe 25/18 1.389 | 26/12 1.414 473.9 500.0 
Diminished fifth Gb 36/25 1.440} 26/2 1.414 526.1 500.0 
Perfect fifth G 3/2 1.500 | 27/2 1.498 585.0 583.3 
Augmented fifth G# 23/16 1.562 | 28/2 1.587 644.0 666.6 
Minor sixth Ab 8/5 1.600 | 28/2 1.587 678.1 666.6 
Major sixth A 5/3 1.667 | 292 1.682 737.0 750.0 
Augmented sixth At 125/72 1.736] 2/12 1.782 795.8 833.3 
Minor seventh Bb 9/5 1.800 | 2'/2 1.782 848.0 833.3 
Major seventh B 15/8 1.875 | 24/2 861.883 906.9 916.6 
Diminished octave Cb 48/25 1.920 | 2"/2 1.883 941.1 916.6 
Augmented seventh BF 125/64 1.953 | 2 2.000 965.7 1000. 
Octave eG ff 2 2.000 | 2 2.000 | 1000. 1000. 





SouND TRANSMISSION 


Note on Terminology: Due to the similarity of electrical, mechanical and acoustical trans- 
mission theory the same terminology is used in the three cases. Where confusion is likely to 
occur the term mechanical or acoustic should be prefixed to the general term, e.g. acoustic 


transfer impedance. 


5001 Acoustic Impedance—The acoustic impedance of a sound medium on a given surface 
is the complex quotient of the pressure (force per unit area) on that surface by the flux 
(volume velocity, or linear velocity multiplied by the area) through that surface. The 
acoustic impedance may be expressed in terms of mechanical impedance, acoustic im- 
pedance being equal to mechanical impedance divided by the square of the area of the 
surface considered. The unit is the acoustic ohm. 

5002 Acoustic Resistance—The acoustic resistance of a sound medium is the real component 
of the acoustic impedance. This is the component of the acoustic impedance that is 
responsible for the dissipation of energy. The unit is the acoustic ohm. 

5003 Acoustic Reactance—The acoustic reactance of a sound medium is the imaginary part 
of the acoustic impedance. It is the component of the acoustic impedance resulting from 


the effective mass or compliance of the medium. The unit is the acoustic ohm. 
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Acoustic Ohm—An acoustic resistance, reactance or impedance is said to have a mag- 
nitude of one acoustic ohm when a pressure of one bar produces a volume velocity of 
one cubic centimeter per second. 
Mechanical Impedance—The mechanical impedance of a mechanical system is the 
complex quotient of the alternating force applied to the system by the resulting alter- 
nating linear velocity in the direction of the force at its point of application. The unit is 
the mechanical ohm or the dyne second per centimeter. 
Driving Point—The driving-point is any pair of points in a mechanical or acoustical 
system between which a force is applied. 
Driving-Point Impedance—The driving-point impedance is the complex quotient at 
any driving-point, of the force (or pressure) by the velocity (linear or volume) of vibra- 
tion at that point. 
Resonance (Velocity Resonance)—Resonance exists between a body, or system, and 
an applied sinusoidal force when any small change in the frequency of the applied force 
causes a decrease in velocity at the driving point; or when the frequency of the applied 
force is such that the absolute value of the driving-point impedance is a minimum. 
Note: In the case of a singly resonant system consisting of a mass reactance, a stiffness 
reactance, and a resistance in series, the frequency of resonance as defined above 
is also the frequency at which the mass and the stiffness reactances are numeri- 
cally equal, and hence the frequency at which the applied sinusoidal force and 
the resulting sinusoidal velocity are in phase. 
Resonant Frequency—A frequency at which resonance exists. The unit is the cycle 
per second. 
Amplitude Resonance—Amplitude resonance exists between a body, or system, and a 
sinusoidally applied force when any small change in frequency of the applied force 
causes a decrease in the amplitude of vibration. 
Natural Resonance—Natural resonance exists between a body, or system, and a sinu- 
soidally applied force when the frequency of the applied force is equal to a natural 
frequency of the body or system. 
Discussion: In the case of a system whose motion can be described by the equation 
wet RZ or , 
_ + a x = A cosa 
the characteristics of the different kinds of resonance in terms of the con- 
stants of the above equation are given in the table: 


At Amplitude At Natural 
At Resonance Resonance Resonance 


es 1 fe 1 ij R? 1 /s 2 

enc —,/— —,4/—-= —,4/—--—— 

ee 22V Mu 2V Mw 2M? xVM 4 
A 


Amplitude of 
Vibration 


Velocity 


(Max. Value) R / R? / R? 
1 + ———_—~ R4/ 1+———- 
. + 4Ms — 2R? + 16Ms — 4R? 


A U A 


Ss £ R? s 3 R? 
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Phase of Amplitudes a pesiraeecty 
: cg 4Ms 16Ms 
with reference to ei tan“! _" 2 tan“ / —4 
Applied Force 





R2 


For small values of R, there is little difference between the three types of resonance. 
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Anti-Resonant Frequency—An anti-resonant frequency of any device is a frequency 
at which the current or the velocity at the driving-point, will have a minimum magni- 
tude when driven by a constant force; or is a frequency at which the absolute magni- 
tude of the driving-point impedance is a maximum. The unit is the cycle per second. 


Anti-Resonance—The condition existing at an anti-resonant frequency. 


Forced Vibration—A forced vibration is any vibration that is imposed upon a system 
by external force and whose frequency is controlled thereby. It is opposed to the term 
“free vibration.” 

Free Vibration—A free vibration is any vibration in which no external forces are ap- 
plied to the system. It is opposed to the term “forced vibration.” 


Natural Frequency (f))—The natural frequency of any system is the frequency at which 
its vibrating element will vibrate after the external force displacing it from its normal 
position has ceased to act. The unit is the cycle per second. 

Natural Period—The natural period is the reciprocal of the natural frequency. The 
unit is the second per cycle. 

Conjugate Impedance—Two impedances are said to be conjugate to each other when 
their effective resistances are equal and their reactances are equal in magnitude but 
are opposite in sign. 

Transfer Impedance—The transfer impedance between two points is the complex ratio 
of an applied sinusoidal force (or pressure) at one point to the resultant velocity at the 
second point. 

Insertion Loss—The insertion loss caused by the insertion of a system in another sys- 
tem is the loss in power delivered to that part of the original system beyond the point of 
insertion due to the inserted system. The unit is the decibel. 


Transducer Loss—The transducer loss of a piece of apparatus between two given termi- 
nals is the loss caused by inserting the apparatus, assuming that as a reference standard 
the source and the load were connected through an ideal transducer. The unit is the 
decibel. 

Propagation Constant (P)—The propagation constant (P) of a uniform system, or of a 

section of a system of recurrent structure is the natural logarithm of the complex ratio 

of the steady-state velocities (linear or volume) at two points in the uniform system 

(assumed to be of infinite length), or at two successive corresponding points in the sys- 

tem of recurrent structure (assumed to be of infinite length). The ratio is determined by 

dividing the value of the velocity at the point nearer the transmitting end by the value 
of the velocity at the point more remote. 

Note: Single frequency pressures and velocities are here supposed to be represented by 
complex numbers. Their ratio is therefore a complex number. 

Neper—The neper is a unit of the same nature as the decibel but differs from it in mag- 

nitude. When used for expressing power ratios the number of nepers “ NV” by which the 

power P exceeds the power Po is given by, N =} log, P/P, or if used for expressing the 
current, velocity, voltage or force ratios when these are working into the same or equal 
impedances N =log, a;/ao. One neper is equivalent to 8.686 decibels. 

Attenuation Constant (4)—The attenuation constant is the real part of the “propaga- 

tion constant.” The unit is the “neper.” 

Note: In the case of a symmetrical structure, the real parts of both the transfer con- 
stant and the propagation constant are identical, and hence either one may be 
called simply the attenuation constant. 

In the case of a portion of smooth line of infinite length, the attenuation constant 
is the natural logarithm of the absolute value of the ratio of the currents at the 
beginning and end of the length under consideration. 
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Phase Constant (B)—The phase constant is the imaginary part of the “propagation 

constant.” The unit is the radian. 

Note: In the case of a symmetrical structure, the imaginary parts both the transfer 
constant and the propagation constant are identical and have been called the 
“wave-length constant” as well as the “angular constant.” 


Iterative Impedance—The Iterative impedance of any system of infinite length and 
uniform or recurrent structure is the complex quotient of an applied sinusoidal force (or 
pressure) by the resultant steady state velocity (linear or volume) entering the system. 
Image Impedance (Z,)—The image impedances of any transducer, having an input and 
an output, are those impedances which will terminate the transducer in such a way that 
at either junction the impedances in both directions are identical. This is equivalent 
to stating that the image impedance at either end is the geometric mean of the open 
and the short circuit impedances of the transducer as measured from that end. 
Note: The image impedance of any symmetrical transducer is the same as its iterative 
impedance. 
Characteristic Impedance—The term characteristic impedance is only applied to a 
symmetrical network or structure. In such a network it is synonymous with the terms 
“iterative impedance” and “image impedance” since both of these latter terms are 
identical in the case of symmetrical networks. 
Transfer Constant (6)—The transfer constant of any passive transducer is one-half the 
natural logarithm of the complex ratio of the steady state product of the force and the 
velocity entering and leaving the transducer when the latter is terminated in its image 
impedances. 
Note: Single frequency forces and velocities are here supposed to be represented by 
complex numbers. Their ratio is therefore a complex number. 
Image Attenuation Constant—The image attenuation constant is the real part of the 
“transfer constant.” The prefix “image” may be omitted if there is not danger of con- 
fusion. 
Image Phase Constant—The image phase constant is the imaginary part of the “trans- 
fer constant.” The prefix “image” may be omitted when there is no danger of confusion. 
Interaction Factor—The interaction factor of any transducer is the factor in the char- 
acteristic equation for the received velocity which expresses the effect of multiple re- 
flections at its terminals. For a transducer having a transfer constant 0, the image im- 
pedances Z; and Zj2, and terminated in sending and receiving impedances Zz and Zs, 
respectively, the interaction factor is 
1 
Z1,—2r_, 21,— Zs 


— — =— Xo 
Z1,+Zr Z21,,+2Zs8 





1 





Interaction Gain—The interaction gain between a transducer having an input and an 
output, and its two terminating impedances, is twenty times the logarithm, to base 10 
of the absolute magnitude of the “interaction factor.” If it is less than unity, the “gain” 
is negative and is then called an “interaction loss.” The unit is the decibel. 


Cut-Off Frequency (f.)—The cut-off frequency of any non-dissipative structure is the 
divisional frequency immediately on one side of which the attenuation constant is zero 
and immediately on the other side of which the attenuation constant is finite. 

The cut-off frequency of a dissipative structure is the cut-off frequency which would 
exist in a non-dissipative structure having the same constants for the reactive 
elements. 
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Force Factor—The force factor of an electro-(acoustic or mechanical) transducer is the 
complex quotient of the open circuit force or voltage in the secondary system by the 
velocity or current in the primary system. It is analogous to mutual impedance in the 
case of a purely electrical transducer. 


HEARING AIDS AND AUDIOMETERS 


Audiometer—An audiometer is an instrument for measuring the acuteness of hearing. 


Pitch Range Audiometer—A pitch range audiometer is an audiometer permitting of 
measurements throughout a wide frequency range. 


Continuous Range Audiometer—A continuous range audiometer is a pitch range audio- 
meter permitting of measurements over a continuous range of frequencies. 


Complex Tone Audiometer—A complex tone audiometer is one making use of a com- 
plex testing tone. 


Telephone Receiver—A telephone receiver is an electro-acoustic transducer actuated 
by power from an electrical system and supplying power to an acoustic system, the 
wave form in the acoustic system corresponding to the wave form in the electrical sys- 
tem. 


Loud Speaker—A loud speaker is a telephone receiver designed to radiate acoustic 
power into a room or open air. 


9307—Microphone—A microphone is an electro-acoustic transducer actuated by power in an 


9501 
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9503 


9504 


9505 
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9508 


acoustic system and delivering power to an electric system, the wave form in the elec- 
tric system corresponding to the wave form in the acoustic system. This is also called a 
telephone transmitter. 


TRANSMISSION SYSTEMS 


Acoustical System—An acoustical system is a system adapted for the transmission of 
sound. 


Symmetrical Transducer (Symmetrical Network)—A symmetrical transducer is a 
structure whose input and output image impedances are equal. 


Dissymmetrical Transducer (Dissymetrical Network)—A dissymmetrical transducer 
is a transducer having an input and output, the input and output image impedances 
being unequal in magnitude or phase. 

Selective Transducer (Selective Network)—A selective transducer is a structure de- 
signed to give some predetermined insertion loss-frequency characteristic. If the struc- 
ture has a negligible insertion loss over certain definite frequency ranges and a relatively 
large loss at all other frequencies it is called a “wave filter”; otherwise it is termed a 
“corrective network” or “tuned circuit.” 

All-Pass Transducer (All-Pass Network)—An all-pass transducer is a structure whose 
attenuation constant is zero for all frequencies from zero to infinity. 

Equivalent Network—An equivalent network is a network of impedances, which, at a 
given frequency or over the entire range of frequencies, is the equivalent of another 
network. 

Wave Filter—A wave filter is a structure which introduces a negligible insertion loss 
over a certain finite range (or ranges) of frequencies and a relatively large insertion loss 
at all other frequencies. 

Low Pass Wave Filter—A low pass (L.P.) wave filter is a structure which efficiently 
passes waves of all frequencies from zero up to a certain frequency—called the cut-off 
frequency—and effectually bars waves of all higher frequencies. 
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High Pass Wave Filter—A high pass (H.P.) wave filter is a structure which efficiently 
passes waves of all frequencies down to a certain frequency—called the cut-off frequency 
—and effectually bars waves having frequencies lower than the cut-off frequency. 
Band Elimination Wave Filter—A band elimination (B.E.) wave filter or a “low-and- 
high pass” wave filter is a structure which efficiently passes waves of all frequencies 
from zero up to a certain frequency, f1; effectually barring waves of all frequencies be- 
tween f; and a higher frequency /2, and efficiently passing waves having a frequency 
higher than fo. 

Band Pass Wave Filter—A band pass (B.P.) wave filter is a structure between two given 
frequencies, and effectually bars all waves whose frequencies lie outside of this range, 
Composite Wave Filter—A composite wave filter is a network of serially connected 
wave filter sections some or all of which are different in their transfer constants but ad- 
jacent section of which are equal in their image impedances at their junction. 
Constant Resistance Structure—A constant resistance structure is one whose iterative 
impedance in at least one direction, is a pure resistance and is independent of the fre- 
quency. 

Transducer—A transducer is a device actuated by power from one system and supply- 
ing power in the same or any other form to a second system. These systems may be 
electrical, mechanical or acoustical. 

Passive Transducer—A passive transducer is one in which the power supplied to the 
second system is obtained exclusively from the power available from the first system 
Ideal Transducer—An ideal transducer for connecting two specific systems is a passive 


transducer which converts the maximum possible power from the first system to the 
second. 


Electro-Acoustic Transducer—An electro-acoustic transducer is a transducer which is 


actuated by power from an electrical system and supplies power to an acoustical system 
or vice versa. 


Ideal Electro-Acoustic Transducer—An ideal electro-acoustic transducer for connecting 
two specific systems is a passive transducer which converts the maximum possible power 
from the electrical system to the acoustical system or vice versa. 



































PROBLEMS SUGGESTED BY AN UNCERTAINTY 
rata PRINCIPLE IN ACOUSTICS 


nd- By G. W. STEWART 
cies University of Iowa 

ABSTRACT 
ncy ‘ 

An uncertainty principle in acoustics, arising wholly from classical views, is presented. This 
principle is that Av.4t~1, where » is the intrinsic frequency of an acoustic signal and At is its 
time duration. Applying this principle one finds that it is consistent with experiments on the 
change in frequency in the vibrato and the failure to detect it by ear, with recorded tests on 
minimum perceptible differences in frequency, and with the minimal time for tone perception. 
The problems suggested by the principle are: (1) variations in At and Av by an artificial vibrato 
with aural observations of detectable Av, (2) redetermination of minimum perceptible differ- 
ences in frequency as dependent upon Af and (3) an examination of Af required for tone per- 
ception with varied values of Av. 
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The discussion since 1927 concerning Heisenberg’s uncertainty prin- 
ciple in physical quantities, causes one to raise the question as to whether 

the or not such an uncertainty principle exists in acoustics. If it does exist 


im what is its statement The Heisenberg! uncertainty principle states: 
cme Under ideal conditions the product of the experimental uncertainty in 
the P . . ; 

the value of any co-ordinate g and the experimental uncertainty in the 
te value of the corresponding momentum # has a minimum value of the 
em order of magnitude of Planck’s constant #. Or 


ng Ap- Aq ~h. (1) 


ver i e . 
This equation can also be expressed in terms of the variables, total 


energy, E, and time, ¢, giving, 


AE-At ~h. (2) 


Equation (2) can be shown to be applicable to a free particle.2 By plac- 
ing E equal to hv, this equation can be expressed in the following form 


Av-At ~ 1. (3) 


We will now call attention to an uncertainty principle in acoustics 
that is entirely independent of the origin of the Heisenberg principle. 
In fact it is found entirely in classical material. This article does not 
establish the principle, but sets it forth as a reasonable one. Moreover, 
its consideration is found to be very helpful in suggesting new experi- 
mental work. 


1 W. Heisenberg, Zeits. f. Physik., 43, 172 (1927). 
? For example see Quantum Mechanics by Condon and Morse, p. 25. 
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It is well known in optics that if you have a piece of a continuous 
wave, or a signal with frequency », lasting over the time A/, then the 
Fourier analysis shows that the spectrum of this segment of a wave is 
distributed over an infinite range of frequencies, but that the intensities 
of these frequencies vary. The maximum intensity would be for the fre- 
quency »;. If a curve be drawn with intensity and frequency as co- 
ordinates it is found* that the intensity curve consists of a series of 
maxima separated by minima having a value of zero. This is shown in 
Fig. 1. The width of the central peak is found to be 1/At, where At is 
the time the signal lasts. 


Fic. 1. Spectrum Energy Distribution of a Wave Segment. 


Suppose that one were to endeavor by the ear to determir-e the inher- 
ent frequency, v1, of this signal. According to Fig. 1 there would be some 
confusion for the signal is equivalent to an infinite number of frequencies 
each having different intensities. We know, however, that the individ- 
ual’s uncertainty is not that great. He can recognize v within a narrow 
range of frequencies. Let us consider the most advantageous conditions 
possible for measuring this frequency by the ear or any other means. 
Then it is reasonable to suppose that no instrument can measure v with 
greater accuracy than the variation of v under the principal maximum,or 


1 
Av=—-: 4 
os (4) 


8 See Sommerfeld, Annal. d. Phys., 44, p. 177 (1914). 
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We then will assert that the limit of uncertainty of the measurement of 
y in acoustics is indicated by equation (4), which is the same as equa- 
tion (3). The suggestion of the applicability of this equation to acoustics 
was made to the author by Professor A. Landé. 

For the purpose of raising certain questions, we are now to consider 
our uncertainty principle in acoustics to be equation (4) which of course 
may be written in the form, Av-At=1. 

Equation (4) shows that the time required to determine a frequency 
within an error of 1 percent can be readily found. At frequencies of 
100, 500, and 1000 cycles the times required are respectively 1, 0.2 and 
0.1 seconds. There are however no experiments to determine whether 
or not equation (4) shows itself felt. There are no experiments determin- 
ing the frequency wherein the times of duration of the signal are varied. 
However, an interesting case arises in the vibrato. Records of the vi- 
brato of the human voice show not only a change in intensity but also 
of frequency. If such variations in frequency occur seven times per 
second, what is the minimum change in frequency that can be deter- 
mined by a measurement under ideal conditions? The application of (4) 
shows that Av=7 cycles per second. If this uncertainly principle is 
applicable, the ear cannot detect such a change and at a low frequency 
such as 60 cycles the vibrato may extend over a frequency vibration of 
almost two semitones without being observed. At 256 cycles the varia- 
tion might be as much as 1/2 semitone. In experiments in the psycho- 
logical laboratory at this University, this failure to detect what appears 
to be a large variation frequency has been actually found.‘ 

Consider now the situation in which first one tone is sounded and then 
another, the object being to determine the minimum perceptible differ- 
ences in frequency. The best observations are by Knudsen.’ He states 
that he used a duration of a ‘second or so.”” His results on minimum per- 
ceptible differences shows that at 1000 cycles it is possible to detect a 
difference of 3 cycles per second. According to Avy At=1, the minimum 
time required to measure the frequency with an uncertainty of 3 cycles 
is 0.33 seconds. At lower frequencies the time is greater; at higher fre- 
quencies less. For a A/ of a second, Av would equal 1 cycle per second at 
1000 instead of 3 and for two seconds, 0.5 cycles. Knudsen obtained 0.5 
cycles at a frequency of 50. Perhaps he found a longer duration needed 
at low frequencies. It is remarkable that the sensitivity of the ear ap- 


‘ Tiffin, to be published. 
5 Knudsen, Physical Rev vol. 21, No. 1, (1923). 
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proaches so nearly to the uncertainty principle as indicated in equation 
(4). But the proposed uncertainty principle calls attention to the fact 
that the time of signal is an important consideration and it even sug- 
gests that a careful record be made of any variation in the actual uncer- 
tainty that may be found by a variation in the time of signal. 

Fletcher® states that the minimal time for tone perception using 
sounds of moderate intensity is about 1/20 of a second. How accurate 
a measurement of frequencies could be made in this time under ideal 
conditions? 

At = .05, Av = = = 20 cycles. 
.05 
At 512 cycles this would mean that the limiting possibility of determin- 
ing this frequency in .05 seconds would be with an uncertainty of 20 
cycles or the order of a semitone. If the time for recognition of a tone 
may be interpreted as the condition of uncertainty Avy=v, then the 


time required would be 
1 


which at 500 cycles would be .002 seconds. This discussion raises the 
following question: Js the time required for tone perception a fixed thing? 
Might not different individuals be satisfied with different values of At, 
ranging from .002 to .05 of a second or, in other words would not tone 
perception depend upon the condition of uncertainty apparently required 
by the individual? 

In the foregoing, the proposed uncertainty principle shows that the 
ear, when performing the experiment in the way indicated almost 
reaches the minimum possible limit of uncertainty. But in regard to the 
perception of intensity difference the ear does not seem to be so excel- 
lent. It is most sensitive to intensity change at minimum audibility.’ 
Moreover the smallest perceptible intensity change corresponds to a 
pressure alteration of 0.0004 dynes per cm.? This would mean a flow of 
energy of 10-7 ergs per sec. per cm.? Assuming that if equation (4) ap- 
plies we can also apply E=/y as in (2), we find that at 1000 cycles, 
hy =6.5 X10-*4 ergs. The minimum perceptible intensity would there- 
fore require about 210" “quanta” per sec. percm.? Inasmuch as the 
sensitivity of acoustic detectors ‘in air’’ is of approximately the same 


6 Fletcher, “Speech and Hearing,” p. 153. 
“Knudsen, loc. cit. 
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order as that of the human ear, it is evident that we are a long way from 
approaching the limiting condition of the detection of sound intensity. 

The above proposal for a principle of uncertainty in acoustics is 
Av-At=1. With this proposal several interesting questions are raised 
which point to the desirability of experiments. It is hoped that some one 
will undertake them. ; 








ABSOLUTE AMPLITUDES AND SPECTRA OF CERTAIN 
MUSICAL INSTRUMENTS AND ORCHESTRAS! 


By L. J. Stvran, H. K. DuNN, AND S. D. WHITE 
Bell Telephone Laboratories 


In a paper on “Speech Power and its Measurement,”? one of the au- 
thors has given some measurements of average and peak amplitude in 
speech, using apparatus in which the speech spectrum was divided into 
thirteen bands of frequencies. The same apparatus has been used in a 
series of measurements on musical instruments, which are reported in 
this paper. 

As with the speech measurements, the data are statistical in nature, 
and are taken with a view to their engineering applications. These 
applications are concerned, chiefly, with the transmission and reproduc- 
tion of music, and the data should show the power and frequency re- 
quirements for systems which are called upon to perform these functions 
without distortion. In carrying out this purpose it has been thought 
well to measure both individual instruments, and instruments playing 
together in orchestras; to make measurements on actual musical selec- 
tions, rather than on single notes; and to take the measurements in such 
a way as to obtain an average or integrated picture of the selection, as 
well as the distribution of amplitudes in magnitude and frequency, the 
extreme values being particularly important. 


APPARATUS 


The apparatus was developed for the purpose of making just this sort 
of statistical measurement on sounds. Since it was not described in the 
paper referred to above, a brief description will be given here. 

A block diagram is shown in Fig. 1. The fourteen band-pass filters 
were designed so that when connected in parallel on the input side, and 
with the output of each filter terminated in a 600-ohm resistance, they 
present a uniform impedance of 600 ohms at all frequencies. Only one 
filter at a time is used, this one being connected to the 600-ohm measur- 
ing circuit, while all the others are connected to 600-ohm resistances. 
Fig. 2 shows a typical filter attenuation characteristic. The ranges of 
frequencies covered by the filters may be obtained from the curves 
showing the data obtained. 


1 Presented before Acoustical Society of America, December 14, 1929 
2 Bell System Technical Journal, October, 1929. 
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Two distinct types of measurement are made. The “average ampli- 
tude meter” consists of an amplifier, a rectifier, and a shunted flux- 
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Fic. 1. Diagram of circuit for measuring peak and average amplitudes in music. 


meter. The rectifier is a two-element vacuum tube with a resistance in 
series, of such a value that within the range of amplitude expected it is 
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Fic. 2. Attenuation curve of 700-1000 c. p. s. band-pass filter. Lines at right and left show where 
curves for adjacent filters cross. Altenuations shown are typical of all filters used. 





very nearly linear in response. Fig. 3 shows a curve of the output 
against a sine wave input, the limits of actual use being marked. The 
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dotted line shows the true linearity which the curve approaches. The 
possible error at the lowest output is 1.5 decibels, but this rapidly di- 
minishes as the output increases. 
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Fic. 3. Response of two-electrode, vacuum-tube rectifier, with 300,000-ohm resistance in series. 
Cross mark shows lowest average outpul used in measurements, while dotted curve shows the 
characteristics of a perfect rectilinear rectifier. 


The indicating instrument in the average amplitude meter is a Gras- 
sot fluxmeter. This is a very convenient instrument for measuring quan- 
tity of electricity over periods much greater than those in which a 
ballistic galvanometer may be used. It is essentially a galvanometer in 
which the restoring torque is made very small, yet which has a high 
electromagnetic damping when placed in a low resistance circuit. Under 
these conditions the needle moves at a rate proportional to the current 
and remains almost stationary when the current stops. In a vacuum 
tube circuit the low resistance required for damping must be provided by 
means of a shunt. The sensitivity is proportional to the resistance of 
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the shunt, but a limit is set by the fact that the torque cannot be re- 
duced entirely to zero, and results in a drift of the needle with a rate 
proportional to the sum of the resistances of shunt and meter. The 
limiting effect of this drift is not directly upon the quantity sensitivity, 
but rather upon the relation of current and time for a given sensitivity, 
the maximum allowable error having been established. Thus, with the 
meters used, the resistance being 23.5 ohms, it was found that with a 
shunt of 24.5 ohms the drift in 15 seconds would not be greater than 
5 per cent of the deflection from the natural point of rest. If 5 per cent 
is set as the limit of error, greater intervals than 15 seconds could not 
be used without decreasing the sensitivity by lowering the shunt; and 
greater sensitivity could be used only by shortening the interval. A 
final limit to the length of interval that may be used, for a given per- 
centage error, is set by the resistance of the meter itself. With the me- 
ters used this limit is about half a minute for a 5 per cent error. In all 
of our work the 15-second interval has been used. In order to make use 
of the entire scale with equal percentage error for all deflections, the 
natural point of rest is adjusted to one end of the scale. Provision is 
made for returning the needle to this point electrically after reading a 
deflection. Calibration of the meters is made with constant currents 
over 15-second intervals, so that errors in reading due to drift arise only 
when the distribution of current over the interval is very irregular. 

It is seen that the fluxmeter, used with the linear rectifier over a defi- 
nite time interval, shows the average amplitude during the interval. 
Two of the average amplitude meters are used, the “total” responding 
to all frequencies, the “band” to those passing the filter in use. Measure- 
ments with both meters are made reguarly in alternate 15 second inter- 
vals, the intervening intervals being used for reading and resetting the 
fluxmeters. The range covered in the band average amplitude meter is 
35 db., and in the total 33 db. This is accomplished in the first case by 
using the mirror attached to the fluxmeter coil, for very small deflec- 
tions; and in the other case by using two fluxmeters in series, one with a 
smaller shunt than the other, and read only when the other meter is off 
scale. 

The other type of measurement is that of peak amplitudes. The most 
important part of the “peak amplitude meter” is a set of gas filled 
vacuum tubes.* In a tube of this kind, with a given plate voltage and 
3 This is a special three-electrode, hot-cathode tube filled with argon, constructed in the 


Bell Telephone Laboratories. A relay tube of this general type was first devised by A. W. Hull, 
—e.g. General Electric Review, April and July, 1929. 
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grid bias, a peak voltage of a certain definite magnitude applied to the 
grid causes an arc to strike between plate and cathode, and this current 
then continues to flow. It is large enough to operate a sensitive relay, 
being of the order of 10 or 20 milliamperes. The arrangement of these 
tubes is shown in Fig. 4. Ten tubes are used, divided into two groups of 
five each. These groups are fed by amplifying tubes, one of which is set 
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Fic. 4. Diagram of peak-amplitude meter. Peak amplitudes in alternate one-eighth second 
intervals are measured and counted over a period of any desired length. 


at a level 30 decibels above the other. Within a group of five tubes, the 
grid biasing voltages are adjusted so that the peak voltages required to 
strike the different tubes are progressively higher. The difference be- 
tween successive tubes is set at 6 decibels, so that the entire range cov- 
ered between first and tenth tube is 54 decibels. A relay is shown in the 
plate circuit of each tube. These relays operate electrical counters, 
which count each flash of the corresponding tubes. In order to insure a 
count even on a very brief flash, intermediate relays are used which 
hold themselves closed until the counter armature has completed its 
stroke, at which point it makes a contact; also, to prevent repeated 
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counting, the intermediate relay does not release until the first relay 
has fallen back, the back contact of the first relay and the contact of the 
counter being connected in series to release the intermediate relay. The 
tubes are extinguished by means of a relay opening the common plate 
circuit. In reconnecting, however, in order not to flash all tubes at once, 
the precaution must be taken of introducing 100,000 ohms into each 
plate circuit, and shorting it out again when the connection has been 
made. Other means of extinguishing may be used, as for instance the 
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Fic. 5. Frequency characteristics of electric circuit, giving relative outputs for a constant input 
Curve A includes the “average amplitude meter,” while curve B includes the “peak amplitude 
meter.” 


brief connection of a condenser around the plate circuit resistance of 
each tube; but the method used was found to give the most reliable 
results in a very short interval. 

In taking measurements with the peak amplitude meter, the tubes 
are connected to the circuit for one-eighth second, and the highest tube 
striking indicates within 6 db. the highest peak during that interval. 
Each tube striking records the fact by operating its relay and counter. 
The tubes are then extinguished during the next one-eighth second, then 
reconnected to the circuit. Peak measurements are made in this way 
during alternate one-eighth second intervals, for as long a time as de- 
sired. The counter readings at the end show how many times each tube 
flashed, and by a subtraction of numbers for consecutive tubes, the 
number of peaks lying in each 6 db. zone is obtained. As is indicated in 
Fig. 1, the peak amplitude meter may be connected either to the input 
or to the output side of the filters. 

Time controls for the 15-second and one-eighth-second intervals are 
provided by means of synchronous motors. These drive switches which 
operate relays to perform the desired functions. The various amplifiers 
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in the circuit are provided with variable gain, for adjustment to dif- 
ferent sound levels. Frequency characteristics of the circuit are shown 
in Fig. 5. These include all electric parts of the circuit, but not the pres- 
sure-voltage characteristics of the condenser transmitters. The latter, 
obtained by means of a thermophone calibration,‘ are shown for two 
transmitters in Fig. 6. The transmitter No. 2 was used only for the 
bands above 8000 c.p.s., where it has greater sensitivity than the first 
transmitter. 
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Fic. 6. Pressure—voltage calibrations of the two condenser transmitters. 


METHODS OF OBTAINING DATA 


The individual instruments chosen for measurements were chiefly 
those believed to be possible extreme cases for reproduction, either in 
frequency range or in absolute amplitude. The list is as follows: bass 
drums of three sizes (29” X12”, 36” X15”, 34” X19”), snare drum, cym- 
bals, triangle, bass viol, bass saxophone, bass tuba, trombone, trumpet, 
French horn, clarinet, flute, piccolo, piano, and pipe organ. In addition 
measurements have been made upon orchestras of fifteen, eighteen, and 
seventy-five pieces. 

With the exception of the pipe organ and seventy-five piece orchestra, 
the instruments were located in a large sound-proof laboratory room, 
29’ 29’ x 13’ in size, and having a reverberation time of approximately 
one second for frequencies between 60 and 4000 c.p.s. The condenser 
microphone was placed at a distance of 10 ft. or more from the nearest 
wall and at a height from the floor about equal to that of the instrument 
under test, varying from about 2 ft. for the bass drum to about 5 ft. for 
the tuba. The instrument, in most cases, was placed 3 ft. in front of the 
microphone, though in some cases it was as much as 5 ft., and for the 


4 See “The Absolute Calibration of Condenser Transmitters” by L. J. Sivian, Bell System 
Technical Journal, January, 1931. 
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piano 10 ft. With the orchestras of fifteen and eighteen pieces, the mi- 
crophone was placed near the conductor, its distance from the different 
pieces varying from 6 to 20 ft., with the violins closest. The measuring 
apparatus, except for the microphone and one stage of amplification, 
was located in a separate room. 

The organ and seventy-five piece orchestra were picked up in a large 
motion picture theater. For the orchestra the regular theater programs 
were used, but the organ was played particularly for the tests. The 
microphone was fastened to the conductor’s stand, where it served to 
pick up both orchestra and organ, since the latter opened directly into 
the orchestra pit. 

Only professional musicians were employed for the tests. In each 
case the musician was instructed to play a selection representative of his 
instrument, usually including extremes of range and volume, and dif- 
ferent types of playing. Selections were made at least two minutes long, 
so that at least four average amplitude readings and at least 480 peak 
amplitude readings were obtained during the selection. 

While it would be desirable to make measurements in all frequency 
bands during one playing of a selection, this would require a large multi- 
plication of apparatus and observers, and was not found to be practi- 
cable. The selection was therefore repeated, once to obtain the distribu- 
tion of peaks in the whole spectrum, and once for each of the frequency 
bands. In all cases readings of total average amplitude were taken si- 
multaneously with the peak and average band amplitudes. Musicians 
were instructed to make repetitions as nearly alike as possible. In al- 
most all cases they sounded closely alike to the ear, and in some cases 
the musician was able to make the fifteen repetitions with a total varia- 
tion in the total average amplitude of only 2 db. In the case of the 
piano, a reproducing mechanism was used, and the selection could be 
repeated at will. The orchestras were not under our control, and the 
curves shown for them are not for the same selection in all bands. How- 
ever, for the smaller orchestras all selections used were similar, in that 
they covered a large frequency range and used all instruments most of 
the time. For the theater orchestra, use was made of a number of repeti- 
tions of the same program during a week, and all bands presented to- 
gether in our curves are at least for very similar types of music. 


REDUCTION OF DATA 


Calibration of the entire electrical circuit is accomplished by means of 
sine wave voltages, introduced into the circuit in series with the con- 
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denser transmitter. The r.m.s. voltage of the sine wave is measured by 
means of a vacuum thermocouple, followed by a known amount of 
attenuation. The r.m.s. value may be reduced to peak or average, as 
desired. The calibration is made in such a way that, for all frequency 
bands and all gain adjustments, the peak input required to strike any 
tube of the peak amplitude meter is known, and the average input 
corresponding to any 15 second fluxmeter deflection is also known. With 
these calibrations, it is belived that the error involved in measuring the 
average voltage generated in the circuit by sound falling upon the dia- 
phragm of the transmitter is not greater than 2 decibels. While the 
voltage just required to strike a given tube of the peak amplitude meter 
is accurately known, a single peak measurement must be uncertain to 
the extent of the six decibel interval between tubes. When, however, a 
large number of measurements are made, and the number falling in one 
six decibel zone is compared with the numbers in the zones on either 
side, the actual distribution of peak amplitudes within the zone may be 
fairly accurately estimated. This will be more readily seen when the 
curves of data obtained are examined. 

A greater uncertainty is involved in converting these voltages into 
sound pressures. In the first place, the frequency characteristic of the 
apparatus is much less regular when that of the transmitter is included. 
A rapidly changing characteristic within a frequency band makes it 
impossible to choose a calibrating frequency for that band which will 
give accurate results for all possible distributions of sound amplitudes. 
This is more particularly the case with the bands above 5000 c.p.s. 
However, the errors due to this cause are not likely to amount to more 
than a few decibels, and in most cases are much less than this. 

In the second place, while the thermophone calibration of the trans- 
mitter, given in Fig. 6, shows accurately the sound pressure on the dia- 
phragm for a given voltage measured in the circuit, this is not the pres- 
sure that would exist in the sound field at the same point were the trans- 
mitter absent. We have corrected our results for this distortion of the 
field, using measurements made at various frequencies and angles of 
incidence, by Messrs. R. K. Bonell and E. M. Little, of these labora- 
tories. These measurements were made with a transmitter having the 
same geometry as our own. In these corrections normal incidence of 
the sound waves on the transmitter diaphragm was assumed. This is a 
correct assumption only when combined with further corrections ex- 
plained in the following paragraph. 

A third uncertainty in the conversion of measured voltages to sound 
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ed by pressures arises in connection with reflections of sound waves within the 
nt of room. While the walls and ceiling were covered with sound-absorbing 
ye, as material, still it was found that reflections began to have an appreciable 
uency effect when the source was two feet or more distant from the transmitter. 
© any As all our measurements were made at distances of three or more feet, 
input the effect of reflections must be considered. These reflections distort the 
With | spectrum, both by selective absorption of the walls, and by the introduc- 
g the | tion of sound waves striking the diaphragm at other angles than normal. 
> dia- They also tend to raise the average total sound pressure. We have deter- 
e the | mined corrections for all of these effects at once by a series of auxiliary 
neter | measurements, in which a complex sound source of constant composi- 
in to tion was used. This was placed first as a distance of one foot, directly 
rer, a in front of the transmitter, and an analysis of the sound pressures made, 
1 one using the total and band average amplitude meters. At this distance it 
ither | is safe to assume that reflections had no appreciable effect. The source 
ly be was then moved to other distances and the measurements repeated. 
1 the ! The changes found in different parts of the spectrum were due to 
to reflections, and the same changes could be assumed to take place with 
into musical instruments at the same distances. To take care of instruments 
f the having different directional properties, the complex source, a loud speak- 
ded. ing receiver, was equipped with horns of different sizes. A 1/2” tube 
es it was used as a point source, then horns with openings to 6-7/8” and of 
will 22”. The measurements with these horns were applied of the trombone 
ides. and tuba, respectively. For the piano a special set of measurements was 
--P.5. made, using the piano itself as the source. A 15-second section of a 
wore piano record was used, and measurements made at different distances, 
care being taken to include exactly the same section of the roll in each 
ans- playing. For orchestras playing in the laboratory room, there is no 
dia- definitely assignable distance. Measurements were made with the com- 
res- plex point source at a distance of 10 ft. in front of the transmitter, and 
— also at 12 ft., 90° from the normal to the diaphragm. The two results 
the are nearly alike, indicating that at these distances the sound from a non- 
s of directional source becomes almost completely diffused. An average of 
Ore the two results was taken and used for correcting the orchestra data. 
the The net result of the two corrections explained in the preceding two 
e of paragraphs is to give a spectrum of the sound pressures that would exist 
isa | in the field with no transmitter present and with no reflecting surfaces 
cx- near. While these corrections have been found on the basis of average 


| amplitude measurements only, the same corrections are assumed to hold 
und for peak amplitudes. 
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For measurements in the theatre, the corrections for reflection of 
waves have not been directly determined. That there were appreciable 
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reflections seems certain. This is more particularly true for the organ, 
for which the orchestra platform was lowered to the bottom of the pit, 
and a semi-circular reflecting wall about ten feet high thereby intro- 
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duced behind the transmitter. In addition, no audience was present 
during the organ tests. The best available data would seem to be those 
used for correcting the orchestra music in the laboratory room; hence 
these same corrections have been applied to the orchestra and organ in 
the theater. 


—<—“ eo 


—_— - 





n of 
able 


an, 
Dit, 


nt 
se 
ce 
in 








1931] L. J. SIVIAN, H. K. DUNN, AND S. D. WHITE 341 





Another possible source of error is that in some way an output may be 
obtained in certain bands where no frequency within these bands is 
present in the original sound. This might arise from modulation due to 
non-linearity of some part of the system, or it might arise from lack of 
sufficiently high attenuation in the filters, for frequencies outside their 
transmitted bands. A test has been made in which either of these condi- 
tions would have been discovered if it existed. A very pure wave was 
introduced into the system, and the outputs in all other bands compared 
with that in the band containing this frequency. The peak amplitude of 
the wave was made equal to the largest peak amplitudes found in the 
music measurements. The results showed definitely that no account 
need be taken of this effect in any of our music data. 


METHODS OF PRESENTING DATA 


The results of the measurements and corrections are shown for aver- 
age amplitudes in Fig. 7 to 32, and for the peak amplitudes in Fig. 33 
to 58. 

The average amplitude curves are plotted in the following manner: 
The four or more average amplitude readings taken on a given band are 
averaged, as are also the readings of the total average amplitude taken 
simultaneously. The figure obtained for the band is divided by that for 
the total, and also by the width of the band in cycles per second. The 
result, expressed in decibels, is the ordinate for that band, and it is 
drawn on the curve as a straight line extending through the band. It 
represents the pressure per cycle in the band, referred to the total 
average pressure as zero level. The average of all values obtained for the 
total average pressure is given along with the curve, so that absolute 
values in each band may be calculated if desired. It should be pointed 
out that the lower limit of the first band is taken at 30 cycles, while the 
upper limit of the thirteenth band is taken at 12000 cycles. These points 
are chosen as practical limits set by the apparatus, in connection with 
the rate at which sound pressures are falling off. What we have called 
band 13-A, however, has a definite upper limit at 11300~, and in some 
of the curves this limit is shown. It should also be mentioned that, while 
the relative ordinates in the different bands have been corrected for 
reflections in the room, as explained above, the absolute value of the 
total average amplitude given with the curve is not the corrected value, 
but is the actual measured value obtained in the room at the distance 
given. 

Peak amplitudes are presented in a different manner. The first curve 
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in each group shows the distribution of “total” peaks in the different 
amplitude zones, and the other curves give similar data for the different 
bands of frequencies. The peaks are measured in amplitude zones 6 db. 
wide. The number falling in a given zone is reduced to percent of the 
total number of measurements, and this divided by six, the width of the 
zone. This gives the abscissa of that section of the curve, which is drawn 
as a straight line extending through the range of amplitudes covered by 
the zone. The total average amplitude obtained at the same playing of 
the selection is used as zero level, and the ordinates of the curve are pres- 
sures above and below that value, expressed in db. Dividing the percent- 
ages by the zone widths gives a curve whose integral over all amplitudes 
is just 100 percent. A smooth curve might be drawn through the steps 
in such a way as not to change the integral under each section, and such 
a curve would approximate the true distribution of peaks over all am- 
plitudes. As with the average curves, absolute values may be calculated 
by applying the total average pressure given with the curves. In some 
cases the curves are left open at the bottom, indicating that an appre- 
ciable percentage of the peaks lay below the limit of sensitivity of the 
apparatus. It should be borne in mind that each peak amplitude reading 
represents the highest peak in a one-eighth second interval. 


COMMENTS ON THE DATA 


The measurements give two entirely distinct sets of data: (1) average 
amplitudes; (2) peak amplitudes. The former are obtained by integrat- 
ing the amplitudes over a period of 15 seconds. This type of average 
probably has no direct bearing upon the performance of the apparatus 
intervening between the sound source and the ear. So long an interval 
as 15 seconds is directly significant only for such effects as heating of 
circuit elements, breathing and packing of carbon transmitters, etc. un- 
important in systems now used for the reproduction of music. These 
long averages were taken chiefly because they furnished an easy means 
of checking up on the constancy of a musician’s performance as he re- 
peated the same selection over and over again while the several fre- 
quency bands were being gone over. 

The peak data are taken so that each individual measurement gives 
the maximum amplitude occurring in a 1/8-second interval. This inter- 
val approximately represents the duration of a short musical note. In 
this sense it is an element of music similar to the syllable being an ele- 
ment of speech. For string and wind instruments the peak amplitude 
measured usually is accompanied by many others of substantially equal 
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amplitude occurring in the same 1/8-second interval. On the other hand. 
for the most important percussion instruments (drums and cymbals) 
the sound wave is highly damped and the peak measured probably is 
decidedly higher than the other peaks occurring throughout that par- 
ticular 1/8-second interval. It is thought that in all cases the peaks as 
here measured represent a quantity which is individually perceived by a 
musical ear. If this is correct the overload capacity of apparatus carry- 
ing music must be based on these peak quantities. 

The frequency analyses for individual instruments agree with those 
obtained on orchestras in indicating that the sound spectra generated 
extend over the entire audio range, with components (peak values, of 
course) in any part of that range so large that if present alone they would 
be well above the threshold for people with normal hearing. This cer- 
tainly applies to a person situated in the conductor’s usual position. It 
is not clear that the above components, say in the very highest fre- 
quency range, 10,000 to 15,000 c.p.s., are still very audible in the pres- 
ence of the much larger low frequency components. The answer to this 
depends on the particular masking conditions which obtain in orchestral 
music. Further, not enough is known about the simultaneity of occur- 
rence of weak and strong components situated in different frequency 
regions. The results of listening tests indicate that the normal ear ap- 
preciates the contributions made to orchestral music by all the fre- 
quency bands used. 

The quantities directly measured were electrical only. They areof gen- 
eral interest in so far as they permit the deduction of corresponding 
acoustic quantities. The total sound output of an instrument or of an 
orchestra probably is of more interest than any other single quantity. 
The conversion from electric to acoustic values involves much un- 
certainty, and the few figures given below must be viewed as rough esti- 
mates. The causes of this uncertainty are discussed above, and are 
briefly mentioned here. From the voltage output of the transmitter the 
pressure in the sound field can be computed with the aid of the “field” 
calibration of the instrument. But this is definite only provided the 
angle of incidence of the sound wave upon the transmitter is known. In 
general, due to reflections, sound arrives at the transmitter from many 
directions and with unknown relative amplitudes. The measures taken 
to obtain pressure values as they would exist in a direct wave from the 
instrument, have been explained above. They are the first source of 
uncertainty. Secondly, it is necessary to pass from pressure to power. 
The computation is straightforward only when reflected waves are neg- 
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ligible. For other cases it is necessary to make a further assumption as 
to the relation between potential and total enery, and the absorption 
coefficients of the room must be known. Thirdly, the measurements are 
made at one place in the room, and it is necessary to estimate the power 
distribution in the rest of the space. Finally, there are many minor un- 
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certainties, such as the effect upon peak values of the unknown phase 
relations of the waves arriving from different directions. 

With these reservations we proceed to a discussion of the peak powers 
obtained from the different instruments and orchestras. The results are 
also shown in tabular form in Fig. 59. 

The 36" X15" Bass Drum (A). The microphone is on the drum axis, 
in front of and 3 ft. distant from the side played. It is seen from Fig. 33 
that 6 per cent of the peaks in the “whole spectrum” are between 900 
and 1800 bars pressure. Assume the radiation to be confined to a 3 ft. 
diameter cylinder on one side of the drum. Then the corresponding total 
sound powers lie between 13 and 51 watts. The logarithmic mean is 25 
watts. It is thought that a figure of 20 watts for peak power output of 
such a drum is low rather than high. Assuming a loud speaker efficiency 
of 25 percent, the power supplied to it from the last amplifier stage 
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would be 80 watts. If the drum were playing with a large orchestra and 
the reproducing system had a fairly uniform response up to about 10,000 
c.p.s., the permissible ratio of d.c. input to the a.c. output of amplifier 
probably is not less than 40:1. Excluding arrangements for balancing 
out tube distortion which as yet are not in commercial use, the above 
ratio is thought to be low. Assuming it,-the last amplifier stage requires 


BASS DRUM-B 36X15" 
AV TOTAL PRESSURE = 27.8 BARS 


*RRATIO OF PEAK TO AVERAGE TOTAL PRESSURE- DB 





0 2 4 6 02 4 02 4 6 02 4 02 4 
02 4 02 


4 02 4 02 4 
% OF OBSERVATIONS PER1DB INCREMENT OF *R” 
Fic. 34. 


a 3.2 kilowatt d.c. input. Of course, this refers to instantaneous power 
and to a fortissimo manner of playing. 

This instrument gives the highest peaks of all single instruments stud- 
ied. In frequency, it is strong chiefly in the range below 500 cycles, no 
other instrument except the pipe organ approaching it in this range. In 
the band between 250 and 500 cycles, 1 percent of the peaks are found 
to rise to about 10 watts. 

The 36" X15" Bass Drum (B). (Fig. 34) The player and the drum are 
different, the drum dimensions are the same as for case (A). Estimating 
peak power on the same basis as above, the value of 1.2 watts is arrived 
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at. This assumes the highest peaks to rise to the middle of the highest 
amplitude zone shown on the curve. 

The 30" X12” Bass Drum (C). (Fig. 35) The same player as for drum 
(A). The peak power output, estimated similarly to (A) and (B), is 
found to be about 13 watts. 

The 34" X19" Bass Drum (D). (Fig. 36) The player is the same as 
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with (A) and (C). The peak power is estimated at 5 watts, these peaks 
occurring during 3 percent of the intervals. In frequency, the highest 
peaks with this drum are found in the lowest band (20-62.5 c.p.s.), 
though the other bands below 500 c.p.s. are almost as strong. 

Snare Drum. (Fig. 37) The distance is 4 ft., with the microphone 
located nearly 90° off the axis of the drumhead. Reflections in the room 


Fmt] sogrge | O25 | 125 20- | soo- | 700- |1000-|1400-] 2000- |2800-) 4000- | 5600- 
ec 125~ 250 To0~ | 1000~ |00~|2000~ 


SNARE DRUM 
Vv. TOTAL PRESSURE=146 BARS 


| site A 
4 0246 
H 246 02 


% OF OBSERVATIONS PER 1DB INCREMENT OF “R” 


Fic 37. 


“R* RATIO OF PEAK TO AVERAGE TOTAL PRESSURE - 0B 


have an appreciable effect under these conditions. Measurements made 
with a complex source in the same room (see above) show that the aver- 
age total pressure falls off 8.5 db. in going from 1 ft. to 4 ft. That at 1 ft. 
may be safely assumed to be due to the direct wave. Taking this into 
account, and assuming the radiation to be distributed over a hemis- 
phere, the peak power for the peak pressure of 346 bars is 12 watts. On 
account of the position of the microphone and the directive properties 
of the drumhead, this is probably an underestimate. 

15” Cymbals. (Fig. 38) The distance is 3 ft., at which the total aver- 
age pressure has been found to fall 7.2 db. below that at 1 ft. Again 
assuming distribution of radiation over a hemisphere, the peak power 
turns out to be 9.5 watts. This is only 4 db. below the peak for the 
36”X15” bass drum. The spectrum is particularly rich in high fre- 
quencies, the highest peaks lying above 8000 c.p.s. It is also stronger 
than other instruments studied in all bands above 500 c.p.s. 

Triangle. (Fig. 39) Calculating on the same basis as before, the peak 
power is 50 milliwatts in 1 percent of the intervals, and 12 milliwatts is 
37, percent. The high frequencies are prominent, but much lower in ab- 
solute value than the cymbals. Six percent of the intervals have peaks 
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of 17 milliwatts in the 5600-8000 cycle band. The very low pressures 
in some of the lower bands are explained by the fact that the instru- 
ment gives a single tone with harmonics. 
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In this case, and others following, it may be thought that the assump- 
tion of hemispherical distribution of radiation is too conservative. It is 
thought best to use it, however, since the player’s body does act to some 
extent as a reflector on one side of the instrument, and since it is not 
known to just what extent phase distortion in the measuring apparatus 
may change the maximum height of peaks. 
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Bass Viol. (Fig. 40) Here the instrument is large enough to have pro- 
nounced directive properties at the higher frequencies. Since, however, 
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most of the output lies below 300 c.p.s., the assumption of uniform dis- 
tribution over a hemisphere is probably safe. This leads to 156 milli- 
watts peak power. In the two bands between 62.5 and 250 c.p.s. the 
peaks rise to 78 milliwatts. 
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Bass Saxophone. (Fig. 41) Twenty-five percent of the intervals in this 
case give a peak power of 288 milliwatts, with the 250-500 cycle band 
strongest. Four percent of the intervals in this band have peaks of 228 
milliwatts. 

BB* Tuba. (Fig. 42) Here 17 percent of the intervals have peaks of 
206 milliwatts. The 250-500 cycle band is strongest, with peaks of 82 
milliwatts: The bell of the horn is large and has directive properties. 
Calculations are made on the basis of the falling off in pressure with 
distance observed in a complex source using a horn of similar size. 
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Trombone. (Fig. 43) Here, also, a horn of similar size was used with a 
constant complex source, to determine the rate at which pressure de- 
creases with distance. The calculation leads to a peak power of 6.4 
watts for the trombone, occurring during 5 percent of the intervals. If 
this be compared with the tuba, it is found that the difference of 15 db. 
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lies in a difference of average pressures only to the extent of 2 db., the 
other 13 db. being due to a difference in peak factor. The highest peaks 
of the trombone were 31 db. above the average pressure, and this is a 
higher peak factor than has been found for any other instrument. It is 
undoubtedly due to the fact that many notes were “attacked” in a 
sharp explosive manner. The many high peaks observed at high fre- 
quencies, even above 8000 c.p.s., are also due to this method of attack. 
This latter point was directly observed by watching the performance of 
the peak amplitude meter at high frequencies, while listening at the 
same time to the playing of the instrument. That the high peaks in the 
“whole spectrum” are due to the cooperation of peaks of several fre- 
quencies is shown by the fact that no single band gives peaks closer than 
20 db. to the highest of the whole spectrum. The 500-700 band and the 
2000-2800 band are of almost equal strength, but the latter has a higher 
percentage of peaks at about 60 milliwatts. The player probably used 
the sharp attack to a greater extent than would ordinarily be the case, 
so that the sample of trombone music given may be extreme, both in 
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height of peaks and in frequency range; yet these figures must be con- 
sidered if all types of playing are to be perfectly reproduced. 

Trumpet. (Fig. 44) The peak power is 314 milliwatts, slightly higher 
than bass saxophone and tuba. Eighteen percent of the intervals give 
peaks of this magnitude. The two bands between 250 and 700 c.p.s. 
both have peaks of about 47 milliwatts. 
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French Horn. (Fig. 45) The peak power is 53 milliwatts, in 6 percent 
of the intervals. The 250-500 c.p.s. band is very much the strongest, 
having peaks as high as those in the whole spectrum, but during only 
1 percent of the intervals. 

Clarinet. (Fig. 46) The peak power for the whole spectrum is about 
the same as for the French horn,—50 milliwatts. The strongest band 
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here is also the 250-500 c.p.s. band, but the peaks in it are 10 db. below 
those in the whole spectrum. The high frequencies are more pronounced, 
however, than with the French horn. 

Flute. (Fig. 47) The peaks in 1 percent of the intervals rise to 55 milli- 
watts, in 1.5 percent to 14 mw., and in 38 percent to 3.5 mw. In fre- 
quency, the 700-1000 and 1400-2000 c.p.s. bands are about equally 
strong, with 4.5 mw. Some of the lowest and highest bands were omit- 
ted, but qualitative observations showed that the omitted bands were 
weaker than those shown. 

Piccolo. (Fig. 48) About 1/2 percent of peaks rise to 84 milliwatts, 
while 10 percent are about 21 mw. The strongest band is 2000-2800 
c.p.s., with 3 percent of intervals giving 21 mw. 

Piano (A). (Fig. 49) The nature of the source makes it more difficult 
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to calculate total acoustic power from the observed pressures. Three 
methods are given. 

First Method: The microphone is 10 ft. from the piano, and the room 
is comparatively small, so that it may be assumed that the sound pres- 
sures measured are those of completely diffused sound in the room. The 
reverberation time of the room is known, and the power may therefore 
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be calculated. The peak power obtained in this manner is 166 milli- 
watts. 

Second Method: A single measurement with a complex point source, 
with the microphone 12 ft. away and turned 90° from the direction of 
the source, showed that the average pressure was 14.6 db. below that 
with the source at one ft., directly in front of the transmitter. If we as- 
sume the former position corresponds to completely diffused sound, and 
the latter to a direct wave, it is easily shown that the pressure of diffused 
sound in the room is the same as if the entire radiation were distributed 
over a sphere with a radius of 5.37 ft. These assumptions are probably 
not far from right. Making the calculation for the piano on this basis, 
the peak power is 437 milliwatts. This is probably high, since even at 
ten feet the directive properties of the raised lid of the piano may cause 
a greater concentration of sound than would be found in completely 
diffused radiation. 
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Third Method: Auxiliary piano measurements have been made using 
a part of a certain mechanical roll. The microphone was placed in the 
same position as with the more general measurements, and again in a 
position very close to the open piano. The average pressure was 9.6 db. 
less in the more distant position. The closer position was in the opening 
of the dihedral angle between sounding board and raised lid, where it 
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might be assumed the sound was distributed over an area roughly 3’ x6’ 
in size. Calculating the peak power on this basis gives 198 milliwatts. 

The remarkable thing about these three results is their agreement, 
rather than their disagreement, in view of the assumptions involved. 
An average of the three gives 267 milliwatts. The 250-500 c.p.s. band 
has the highest peaks, of practically the same nagnitude as those of the 
whole spectrum. The instrument is a high grade grand piano with a 
reproducing mechanism, and the selection in this case is Liszt’s “Second 
Hungarian Rhapsody.”’ 

The selection being played mechanically, the question arises as to 
wheather peaks are as high as an artist can produce on the same instru- 
ment. A special roll was prepared, and an artist employed. The results 
showed that he could strike single notes with an average peak 9 db. 
higher than the highest possible with the roll, but that when he played 
chords involving a number of notes, his peaks were about 4 db. lower 
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than those with the roll. The highest possible peaks on this piano, with 
an artist playing, would seem to be about 2 watts. 
Piano (B). (Fig. 50) The same piano is used, but with a different roll, 
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in this case a four-handed jazz record. The results, as far as peak power 
is concerned, are about the same as in (A), the average of the three 
methods giving 248 milliwatts. Again the 250-500 c.p.s. band has peaks 
as high as those in the whole spectrum. 

Fifteen-Piece Orchestra in Laboratory. (Fig. 51) The room is the same 
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as that for the piano measurements. The first and second methods used 
with the piano may be applied here, except that with Method 1 the 
added absorption due to the presence of fifteen men is taken into ac- 
count. Taking the peak pressure as 125 bars, the peak power by the Ist 
method is 5.3 watts. By the second method we get 12.7 watts. The 
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agreement, as before, is thought to be good. The average is 9 watts. No 
doubt the same orchestra, playing in a larger room, would do so at a 
distinctly higher level. In frequency, the 250-500 c.p.s. band has peaks 
of 450 milliwatts in 1.5 percent of the intervals, while the 2000-2800 
c.p.s. band has peaks of 320 milliwatts in 12 percent of the intervals. 
The bands between these are not much lower. 

Eighteen-Piece Orchestra in Laboratory. (Fig. 52) The peak power by 
Methods 1 and 2 is 1.5 watts and 3.5 watts, respectively. The average 
is 2.5 watts. This is 5.5 db. below that found for the fifteen-piece orches- 
tra, but it occurs during 8 percent of the intervals, as compared with 
1.5 percent for the other. The orchestra did not play long enough to 
permit the completion of the frequency spectrum, but of those bands 
taken, 250-500 c.p.s. is strongest with 800 milliwatts. 
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Seventy-Five-Piece Orchestra in Theater (A). (Fig. 53) The difficulties 
connected with measurements made on sound picked up in the theater 
have already been mentioned. They are less certain than measurements 
made entirely in the laboratory, chiefly because of the added amplifiers 
and the long line between theater and laboratory. In addition, no data 
on reverberation time, or on the decrease of sound pressure with dis- 
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tance, are available for measurements taken in the theater. Power cal- 
culations are based on the following considerations. The players are dis- 
tributed over about 210° of a circle approximately 50 ft. in diameter. 
The microphone is mounted near the conductor’s desk, approximately 
in the center of the circle. It is reasonable to take the direct sound waves 
as predominating. The assignment of a single distance between micro- 
phone and source is impossible in this case. Considering the location of 
the various instruments, an effective distance of about 15 ft. seems low 
rather than high. Assuming a uniform distribution over a hemisphere 
of 15 ft. radius, the peak power is found to be 8.2 watts. The three bands 
125-250, 250-500, and 2000-2800 c.p.s. are nearly equally strong, with 
peak powers of about 1 watt. The music in this case is of a lively nature, 
with brasses prominent, and a moderate amount of drums. Two very 
similar selections are included. One of them is shown in bands Nos. 1, 3, 
5, 7,9 and 11 (counting the 20—62.5 c.p.s. band as 1); the other selection 
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is shown in the “whole spectrum” and in bands Nos. 2, 4, 6, 8, 10 and 12. 
No readings were taken above 8000 c.p.s. 

Seventy-Five-Piece Orchestra in Theater (B). (Fig. 54) the music here 
is that of an overture of about ten minutes length. Extremes of volume 
are wider than with (A). There are parts in which strings or wood-wind 
predominate, but also instants where brass,drums and cymbals are used. 
Three selections are used, all of them fitting the above description. The 
first is an arrangement of Bizet music, and is shown in the first “whole 
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spectrum,” and in bands 1, 3, 5, 8, 10, and 12. The second selection 
is the overture to “Mignon,” and is shown in the second “whole spec- 
trum,” and in bands 2, 4, 6, 7,9, and 11. The third selection is an ar- 
rangement of Puccini music, and is shown only in the two bands above 
8000 c.p.s. Average pressures in the three selections fall within a range 
of 1 db., so that the single average of 4.6 bars may be used in all cases 
without serious error. This is mentioned particularly to prevent doubts 
as to the absolute values of peaks in the bands above 8000 c.p.s. Power 
calculations in the first “whole spectrum” show peaks of 13 watts in 9 
percent of the intervals and in the second peaks of 66 watts in 1 percent 
of the intervals. The 250-500 c.p.s. band is highest with peaks of 6.7 
watts, and the 8000-2 band next with a small percentage of peaks at 
5:3 watts. These high frequency peaks are due to a small percentage of 
intervals in which the cymbals were very prominent. 
Seventy-Five-Piece Orchestra in Theater (C). (Fig. 55) This is ballet 
music, accompanying a scene called “Autumn Leaves.” Two parts of 
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the same selection are used, the first part appearing in the whole spec- 
trum and in bands 1, 4, 6, 7,9 and 11, the second part in bands 2, 3, 5,8, 
10 and 12. The bands above 8000 c.p.s. are omitted. The peak power is 
14 watts, with both 250-500 and 2000-2800 c.p.s. bands having peaks of 
1.4 watts. 

Seventy-Five-Piece Orchestra in Theater (D). (Fig. 56) The two bands 
below 125 c.p.s. and the four bands above 4000 c.p.s. are for a selection 
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very strong in bass drums and cymbals. The intermediate bands, and 
the whole spectrum, are the same as in (A). It may be noted, by com- 
paring these curves with those of (A), how both ends of the spectrum 
are raised by the strong prominence of bass drums and cymbals. 
Theater Pipe Organ (A). (Fig. 57) The organ is about 60 ft. long. The 
microphone is centrally in front of it, about 12 ft. from the middle. A 
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semi-circular reflecting wall about 10 ft. high is back of the transmitter, 
its nearest point about 12 ft. from the transmitter. Obviously the situa- 
tion is even more uncertain than for the orchestra. As a guess, an effec- 
tive distance of 15 ft., and uniform radiation over a quarter of a sphere 
are assumed. This gives a peak power of about 3.5 watts. The 250-500 
c.p.s. band is strongest, with peaks of about 1.7 watts. The selection is 
Kreisler’s “Liebesleid,” modified so as to make use of the different classes 
of pipes in the organ, and to include a wide range of volume. 

Theater Pipe Organ (B). (Fig. 58) The selection is “Hail, Columbia” 
played fortissimo throughout. The full organ is used, with swells open 
wide. Several 16 ft. pipes are included, and also “resultant 32’s,” the 
latter being combinations which give difference tones corresponding to 
the tone of an open pipe 32 ft. long. The purpose was to obtain extreme 
values for the “whole spectrum” and for the two ends of the frequency 
range. Measurements were made in the whole spectrum, in three bands 
at each end of the spectrum, and in one intermediate band, 1000-1400 
c.p.s. The calculations indicate that 36 percent of the intervals have 
peaks of 12.6 watts. In the bands, the lowest is strongest, with a few 
peaks at 10 watts, and many at 2.5 watts. The results would indicate 
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that the organ is not quite as strong as the strongest bass drum tested, 
on the basis of peaks in the whole spectrum; but that when played at full 
volume, the peaks below 62.5 c.p.s. are _ as strong as those of the 
drum. 
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Lowest LEVELS IN Music 


In all of the foregoing, the upper limit of amplitude has been sought. 
The lowest level that it may be necessary to reproduce is also important 
because of the bearing it may have on permissible extraneous noises. 
Some data are available on this point, though they are very incomplete. 

The highest pressures obtained in the laboratory were from a 36” X 15” 
bass drum. It was thought that the lowest level it might be desirable to 
reproduce would be that of a violin played very softly. A violin player 
was obtained and placed at a distance of 3 ft. from the transmitter, the 
same distance as that used with the drum. He was told to play at the 
lowest level that could be used with an audience. The resulting average 
pressure in the whole spectrum, in a 15 second interval of uniform play- 
ing, was 0.52 bars. The highest average pressure obtained from the 
drum in an equal interval was 133 bars. The range is 48 db. This is not 
sufficient, however, for reproduction must go at least as low as the low- 
est average amplitude of the violin, and at least as high as the highest 
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peak amplitude of the drum. The highest peaks found with the drum 
were about 1250 bars, and the range is increased to 68 db. There still 
remains doubt as to whether the two music samples chosen were ex- 
tremes. 
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Among all data taken on the theater orchestra, the extremes of pres- 
sures have been sought out. The lowest 15-second average pressure ob- 
tained was 0.27 bars. This may be high, both because the music was 
probably not at minimum level during the entire interval, and because a 
very low fluxmeter reading, such as was obtained, is apt to be in error 
on the high side rather than the low. The highest peak pressure, ob- 
tained with the microphone in the same position relative to the orches- 
tra, was 430 bars. The range is 64 db. 

It is concluded that a system reproducing a large orchestra, the music 
ranging from a fortissimo ensemble to a pianissimo violin solo, might be 
called upon to handle a range as great as 70 db. 


HIstTorRIcAL NOTE 


The analysis of instrumental musical sounds is a problem of rather 
old standing. It has been approached at various times by both physi- 
cists and psychologists, since the days of Helmholtz’s work with his res- 
onators. A summary of the earlier work and a description of his own 
notable contributions to the subject may be found in D. C. Miller’s 
book.’ The results were largely confined to the determination of the 
frequencies of those components which the investigators held to be re- 
sponsible for the musical quality of the instrument. A more recent study 
along this line has been made by C. Stumpf,* who determined the char- 
acteristic frequencies for a number of wind instruments. Still more re- 
cently H. M. Browning’ and H. Backhaus® have reported on the char- 
acteristic partials of the violin. 

In the earlier measurements neither the relative nor absolute physical 
magnitudes of the frequency components were determined. This was 
not possible until microphones admitting of absolute calibration over 
the frequency range became available. The condenser microphone, cali- 
brated by the thermophone method, or by some one of several other 
methods more recently applied,® has proved useful for this purpose. A 
summary of its application, in conjunction with electric filters, to the 
statistical analysis of speech sounds, street noise, and piano music, is 
given in the paper already referred to.'!° J. F. Cellerier!! has used a piezo- 


5 “Science of Musical Sounds,” Macmillan Company, 1916, New York. 
6 Zs. f. Phys., 38, 9, 10, 1926. 

7 Phil. Mag., November, 1926. 

§ Naturwissenschaften, October 18, 1929. 

* e.g., L. J. Sivian, Bell System Technical Journal, January, 1931. 

10 L, J. Sivian, Bell System Technical Journal October, 1929. 

11 Comptes Rendus, January 6, 1930. 
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electric microphone, calibrated with a thermophone, to analyze the 
sounds produced by automobile horns. E. Meyer and P. Just" have 
measured the total sound outputs of several string and wind instru- 
ments. H. Lueder," also using a condenser microphone and electric fil- 
ters, has made a statistical analysis of the amplitudes and spectra of a 
large number of musical instruments and of orchestras. 


12 Zs. f. tech. Phys., 10, 8, 1929. 
138 Wissenschaftliche Verdff. a. d. Siemens-Konzern, May, 1930. 





LONGITUDINAL VIBRATIONS IN A LOADED ROD 


By B. R. HuBBARD 
Director of Laboratory, Submarine Signal Co. 


In practically all acoustic vibrating systems the mass and elasticity 
are essentially uniformly distributed. There are comparatively few 
systems in which the mass and elasticity are completely separated. The 
free unloaded rod in common with strings, bells, diaphragms, and tuning 
forks are examples of the first class of acoustic vibrating systems in 
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which the mass and elasticity are practically uniformly distributed. The 
Helmholtz resonator, in which the vibrating energy is localized in po- 
tential form in the resonator space and in kinetic form in the orifice and 
the loaded rod are examples of the second class of vibrating system. 
While the properties of the Helmholtz resonator as a vibrating system 
have been described by a number of writers, the behavior of the loaded 
rod has received relatively little attention, notwithstanding the fact 
that it is the fundamental vibrating element of many acoustic vibrating 
systems. 

An investigation of the properties of the longitudinally vibrating rod 
is significant not only as a study of a vibrating body in which the mass 
and elasticity are separated but also because it establishes a means for 
studying the behavior of other acoustical vibrating systems. For, as 
will be evident later, the loaded rod frequently may be used as a simple 
theoretical auxiliary which if substituted for the more complex vibrat- 
ing system under consideration, materially reduces the amount of 
mathematical analysis required to predict the behavior of the system. 


THE FREE UNLOADED Rop 


The properties of the longitudinal vibrations of a free unloaded rod 
have been described by a number of investigators but for convenience 
and ready reference, the equations of motion are repeated here. 
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Referring to Fig. 1, let 
x = distance to any cross-section when at rest 
£=displacement of the section from the equilibrium position so that 
| the actual position at time /¢isx+& 

S =area of the cross-section 

T =tension across the sectional area” 

e=dt/dx =the elongation 

E=Youngs Modulus of the rod material 

p=density of the rod material 

a? = E/p velocity of sound in the rod 
and consider the forces acting on the slice bounded by x and x+ 6x. The 
tension at x is 


dé 
SE— = T;. 
dx 
The tension at x+ dx is 
| T, = T+ (SE S)s 
‘ : dx dx . 
and if the area of the cross section is constant 
| T sH(S Sy ) (1 
sat dx dx? #3 ) 
The accelerating force on the slice is 
da? 
T = SE sx (2) 
dx? 


and the acceleration of momentum of the mass of the slice is 


S65 ni 
Semaicte 
a de 
Equating forces 
dé a°g 
pSix— = SE—ix 
dt? dx? 
d? E @ d? 
eB ae ee ‘a 
dt? p dx? dx? 


Assuming motions of the type =Ccoswt where C is a function of x 
only, the solution of (3) becomes 


i) ® 
—= (<. cos —x + C2 sin “s) cos wt. (4) 
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When the rod is free at both ends the condition of zero stress at the 
ends gives d§/dx =0 when x =0 and when x =!, yielding 


a 


I-39 


(S) 
which is the familiar equation for the fundamental frequency of the 
free unloaded rod. 

THE FREE LOADED Rop 


The loaded rod is visualized as two non-elastic masses which are 
connected with each other by a massless elasticity so that the masses 
move in the direction of the line connecting their centers of gravity. 
Such a vibrating body is illustrated in Fig. 2. 
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In order to get an idea of the distribution of the vibrating energy and 
to find the natural frequency of vibration, the equations of motion for 
the undamped vibration are derived. Let x; and x, be the instantaneous 
amplitudes of the masses m, and m, and C be the compliance of the con- 


necting member. Then 
41 — Xe 





mz, + —— = 0 
7 X1— Xe (6) 
Moto — C = 0 
and adding both of the equations 
M¥, + Mok. = (7) 
whence 
Xv Meo 
xm 


The relative amplitudes therefore are inversely proportional to the 
masses. Furthermore, if E,; and E, represent the vibrating energy in the 
two masses and a; and a» represent the maximum amplitudes of the 


masses 
E,: EE, = mM Q,7: M202" 
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and since 
a; mo 
ado ' my, 
(8) 


E,: E. = Mom, 


The vibrating energies therefore are inversely proportional to the 
masses and the entire vibrating energy resides practically entirely in 
the smaller mass if the other mass is allowed to become very large. In 
this case consideration need be given to one mass alone. Thus by choos- 
ing a very great mass ratio and using the greater mass as the attach- 
ment or support for the vibrating system it is possible to concentrate the 
greater part of the total vibrating energy in the smaller mass. The thin 
diaphragm with a thick heavy rim is an example of such a vibrating 
system. By a proper choice of the ratio of masses of the diaphragm and 
rim, the total energy of vibration can be made to reside practically en- 
tirely in the diaphragm and less of the vibrating energy will be present 
in the attachment parts the more mass they have. 

From the fact that the amplitudes of vibration are inversely pro- 
portional to the masses, it is seen that the nodal point coincides with the 
center of gravity of the system. If the masses are unequal, it approaches 
the greater mass, and practically unites with it if the larger mass be- 
comes many times greater than the smaller mass. 

The natural frequency of vibration of the system is found by a simple 
calculation to be 

1/1 m +m, 


2r C mmo 





which becomes 


1 /qgE m, +m: 
f-—4f — —— 


9a 
2r l mM Mo ( 


if a rod is used whose length is /, whose cross section is g and whose coef- 
ficient of elasticity is EZ. 

The mass of the rod has been assumed to be negligibly small compared 
with the free vibrating mass. If the rod mass is small it can be intro- 
duced by a simple correction, and it is found that the free masses m: and 
mz have been replaced by the expressions 








™ 
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1 m, M2 
3 my, m+me 


1 m, my, 
mj 1+ > — (10) 


Mz M+ Me 








where m, represents the rod mass and is small in respect to mi and mp, 
The fact that the rod mass, even if very small, is always present, also 
makes necessary the correction of the natural period of vibration but it 
amounts to only a few per cent usually. 


772 


——d 


Fic. 3. 


THE CLAMPED LOADED Rop 


the mass of the rod is negligible or that the mass of the rod is small in 
comparison with the loads. It is usually necessary to proceed with cau- 
tion and compare the value obtained when the mass of the rod is taken 
into consideration with the value obtained by neglecting the rod mass 
before making this assumption. Fortunately, the analysis of the general 
case in which the mass of the rod is not neglected yields results which 
can be incorporated in curves so that the natural frequency of a loaded 
rod can be determined with ease. 

The equations of motion for the loaded rod can be derived from the 
equations of motion for the unloaded rod by taking the end conditions 
into consideration. As before, but referring to Fig. 3, let 

1=length of the rod 
S =cross-section of the rod 
M;,=\load at the free end 
m = mass of rod 

By introducing the proper end conditions into equation (4); the free 
longitudinal motion of a rod having any type of load can be obtained. 
The end conditions are 


In only a few acoustic vibrating systems is it known at the start that 


—=0 at x=0 


and at x =/ the tension in the rod is ES dé/dx 
The acceleration of momentum of mass is M,é”’ so that 
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(10) 
id me. ~~ a 
, also 
but it Substitution in (4) yields for £=0 when x =0 
£ = C, cos 0° + Cz sin 0° = 0 
Ci = 0 
Ww 
é= (c. sin <.) cos wt. 
a 
Introducing the condition F 
dé M, dt ‘e 
— = — — — when +=! i 
| dx ES dt? 3 
t that et My wl v 
iall in (c = cos “) cos wt = alc 2 sin ~) COS wt : 
nh cau- iS 
taken whence ; 
l ES ‘wl 
‘mass ime (12) ‘ 
eneral a Maa 
which | s ‘ 
seed or since the mass m of the bar is Spl and E = pa? 
| wl wl m t 
m the | eS (13) 
itions ; 
Abbreviating wi/a =x the 2m frequency is given by 1 
m i 
xtanx =—- (14) id 
M, in 
Graphs of this functions are shown in figures 4, 5, 6, and 7 for differ- 
e free ent values of m/M,. In Fig. 4 and 5 the exact formula is shown in com- if 
ained. parison with the approximate formulae for small and large loads. For e 
a small load M;, the period of the clamped rod is increased by the factor ’ i 
1+(M,/m) and for the large load, one-third the mass of the rod is { 


added to the load (Rayleigh I, p. 250). i 
These two approximations are given by ig 
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x 3x? 


m m 
TT M, 3 — x? M, 








(15) 


m 
— large — small 
M 




















Fic. 4. Longitudinal Frequency of Loaded Rod. 


From Fig. 5 it is seen that the first approximation is better for m/M, 
greater than 2.2 and the second for smaller ratios of m/M,. At the value 
2.2 the first gives a frequency 2.5 percent low and the second 2.2 percent 
too high. This error is very small for theoretical calculations since the 
value of a the velocity of sound in the material usually is not known 
within 2 percent. 

The frequency of a road loaded at both ends is often most quickly 
found by considering it to be fixed at its node and using the curves for 
the fixed rod. The node in most cases will be very close to the center 
of gravity. The amount of error in assuming it so may be calculated 
quickly by comparing the frequencies of the two ends of the rod, con- 
sidered fixed at the center of gravity. 
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As an example the frequency of an unequally loaded rod is calculated 


below. Referring to Fig. 2. 








M,= 472 gm. 1 = 113.5 cm. 
M, = 3280 * 
m = 2760 
a=5 xX 105 
6512 “ sec. 


lf 


/ Curve xtank= 
2 Curve Fox = MP the 


Qoprox/mation when ra 13 Jen 


3. Curve 3%. a the 
approximation when fF 13 sme 








Fic. 5. Longitudinal Frequency of Loaded Rod. 


The center of gravity divides the rod into two lengths /; and J, such 


that 
m m 
(us +7) (+3) 
hk, = ————_ = 81.3". Jy = ———_——_ = 32..2™- 


M,+ Mz2+m Mi + Mz+m 








380 JOURNAL OF THE ACOUSTICAL SOCIETY [JAN., 


l l 
m, = =m = 1975 gm. My = >m = 785 gm. 
my, me : 
— = 4.15 — = 0.2365 
M, M2 
l ] 
sci Fe “** = 0.470 
a a 
@1 Wo 
— = 0.0157 — = 0.01455 
a a 





The two values w,/a and w2/a should be equal. The discrepancy is 
due to assuming the center of gravity as a node. The value for w/a is 
close to the mean of the two or 0.0151. 

An exact value for w must satisfy the three equations 





wl) wl my, 
— tan — = — 
a a M, 
i l m 
a (16) 
a a M, 
ly cL ls = i 
These equations may be solved by graphical aids. First put them in 
the form 
w 
— tan ¢; = Ky 
a 
® 
— tan ¢2 = Ke (17) 
a 
wl 
$1 + od: = — 
a 
where 
wl wle 
a= — $2 = 
a a 
my, pS Mm, — pS 
‘Mth M1 Mar Mz 
For the example above : 
S = 3.08": 
K, = 0.0509 


Kz = 0.00732. 
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As the first approximation in the solution of equation (17) 


a) 
— = 00151 
a 
w 
— = 1.714 
a 


icy is 
»/a is 





(16) 


“m in 


(17) 





Fic. 6. Longitudinal Frequency of Loaded Rod. 


Fig. 7 may then be used as follows to determine the correct value of 
w/a. On the ordinate scale K,; and Kz are laid off as horizontal lines and 
w/a is laid off as a vertical line on the scale of abscissae. If then the 
angle ¢; and @2 are determined by drawing lines from the origin to the 
intersections of K, and K, with w/a the first two relations of (17) are 
satisfied. A test may then be made to determine whether the third con- 
dition, that of 


wl 
git o2 = — 
a 
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is satisfied and if not the assumed value of w/a is altered to fit. The 
angle ¢; ond ¢2 may be read directly from a radian scale (not shown) or 
calculated and are found to be 1.28 and 0.43 whence 


gi + d2 = 1.71 


while wl/a is 1.714. The chosen value of w/a therefore is very close to 
the exact solution. 





Fic. 7. Longitudinal Frequency of Loaded Rod. 


Attention has been called already to the fact that a large number of 
acoustic vibrating systems can be reduced to the simple vibrating system 
consisting of two elastically connected masses and that one mass is very 
often practically infinitely large. In vibrating bodies with distributed 
mass and elasticity such as strings, membranes, and plates, the equiva- 
lent masses and elasticity can always be calculated and one can imagine 
this simple auxiliary in which a similar resonant frequency, damping, 
amplitude, and distribution of vibrating energy are re-established as 
substituted for the system under consideration. In fact upon closer con- 
sideration it is found that practically all known mechanical and acousti- 
cal vibrating systems lead back to this simple system. 
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For example the percentage of the total vibrating energy of the 
flanged diaphragm which resides in the rim is easily determined by con- 
sidering this simple auxiliary. In this case one mass represents the mass 
of vibrating diaphragm itself, the other mass represents the mass of the 
flange and the elastic connecting member represents the elasticity of the 
diaphragm. One of the two masses, the flange, can become almost in- 
finitely large, in which case this mass is often not considered at all and 
the entire vibrating energy is assumed to reside in the diaphragm. If 
however the ratio of the two masses is smaller, part of the vibrating 
energy will reside in the rim. Since the vibrating energies are inversely 
proportional to the masses, the division of the total vibrating energy is 
easily calculated. 

In a similar way the effect of the support upon a pendulum can be 
calculated. The mass from which the pendulum is hung does not appear 
in the known equation of the pendulum and it must be clear that this is 
allowable only when the real vibrating mass, that of the pendulum, is 
small in relation to the other mass, that from which the pendulum is 
suspended. 

One property of the unequally loaded rod deserves particular men- 
tion. Due to the fact that the relative amplitudes are inversely propor- 
tional to the masses, the unequally loaded rod may be used as an acous- 
tic lever for the transformation of amplitudes. 

This principle has been used most effectively in the design of sub- 
marine oscillators for producing powerful underwater sounds. By a 
suitable choice of the two masses the vibrating energy of large ampli- 
tude and small force is transmitted to the diaphragm which is caused 
to vibrate with small amplitude and great force, a transformation which 
is essential if good efficiencies are to be obtained by the direct electro- 
magnetic excitation of the radiating surface. 

In conclusion the use of the loaded rod as an aid in the study of more 
complicated systems should be mentioned. Often the vibrating systems 
of technical acoustics do not consist of such simple vibrating bodies as 
described above, but consist rather of two or more united systems. For 
the study of such combined vibrating systems this simple auxiliary is 
indispensable. In this case a theoretical coupled model is formed by 
combining a number of these simple theoretical auxiliary vibrating sys- 
tems from which the behavior of the system can be calculated. 
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ACOUSTIC POWER LEVELS IN SOUND PICTURE 
REPRODUCTION 


By S. K. Wot Anp W. J. SETTE 
Electrical Research Products Inc., New York, N. Y. 


INTRODUCTORY 


The advent of sound pictures made especially prominent the question 
of acoustic power necessary to produce satisfactory hearing in audi- 
toriums. The large scale employment of electrical sound reproducing 
apparatus made imperative a detailed investigation into this problem 
which had attracted some attention in the past. At the same time the 
perfection of electrical devices for recording, amplifying, and reproduc- 
ing sounds gave us a degree of control over sounds which allows such 
fundamental measurements as those reported in Dr. Fletcher’s book, 
“Speech and Hearing.” Thus the question of acoustic power is most ur- 
gently raised when the means for regulating and measuring it had 
reached an advanced state of development. 

It is the purpose of this paper, which is an amplification with some 
modification of a previous paper by the authors,! to consider the power 
levels dealt with in sound picture reproduction, with reference to the 
ear, the auditorium, and the electrical system. We undertake a con- 
sideration of what constitute desirable loudness levels in auditoriums, 
a study of the bearing of auditorium acoustics on the maintenance of 
adequate sound levels, and a determination of the power output of the 
reproducing equipment. Equations and curves relating required acous- 
tic power and theatre volume are derived. Experimental data appear to 
substantiate our theoretical conclusions. We have attempted to follow 
the terminology developed in “Speech and Hearing.” 


LISTENING LEVELS 


The optimum sensation levels for listening to speech and music will 
be first discussed. Ordinary conversation is maintained at a level of 
about 70 decibels above threshold of audibility for the strongest speech 
sounds, with about 50 decibels, more or less, for the consonants.” In 
other words, vowel sounds thus spoken are ten million times as powerful 
as when just audible. The so-called mean power fluctuates about an 

1 Wolf, S. K. and Sette, W. J.: “Factors Governing Power Capacity of Sound Reproducing 


Equipment in Theatres,” Journal Society Motion Picture Engineers, 15 (1930), No. 4, p. 415. 
2 Fletcher, H.: “Speech and Hearing,” ist Ed., D. Van Nostrand, New York (1929), p. 272. 
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average closer to a level of 65 decibels. This intensity is such that words 
are heard at maximum intelligibility, greater or less intensity both tend- 
ing to reduce intelligibility. Accordingly, in the theatre this customary 
level may be considered comfortable from the standpoint of articula- 
tion and naturalness. Our observations in practice check this conclusion. 

Other phenomena must be considered.- Noises due to external sources, 


—_— 


audience, and ventilating and projecting equipment, ranging from 20 to — 


40 decibels above threshold according to our measurements, are usually 
present in an auditorium, sometimes necessitating an increase in loud- 
ness for good articulation. Coughing or nearby conversation occa- 
sionally raise the noise level above these figures. It has been found that 
ordinary speech is readily understood in the presence of what may be 
termed a usual amount of room noise.? Everyday experience bears this 
out. The intelligibility of individual consonant sounds whose intensities 
are comparatively low will be reduced but with continuous conversation 
there is slight interference. Hence, as a rule, the level of reproduction in 
the theatre should be satisfactory when speech is heard at its usual 
levels. Such operation should have the advantages of being more restful 
than operation at unnaturally high intensities, besides being conducive 
to greater attention. In general we may neglect theatre noise as a factor 
in our problem, remembering that it is undesirable always and bother- 
some on occasion. 

In the case of music with its complexity of sounds there is not avail- 
able such a complete analysis as has been made for English speech. The 
acoustic power flow at threshold for speech is of the order of 4x 10-" 
microwatts per square centimeter. This figure was obtained from the 
phonetic power, that is, maximum value of power averaged over an 
interval of one one-hundredth of a second for a given sound, of 40 mi- 
crowatts measured by Sacia and Beck for the loudest vowel sounds 
when spoken in an ordinary manner.‘ It compares with the same value 
for the threshold of the pure tone at which the ear is most sensitive. 
Because of this it may seem that our selection is too low, but there 
seems no reason why the ear should not behave differently for complex 
sounds near threshold than it does for single frequencies. Accepting this 
value we then select an engineering limit of 80 decibels above it as the 


3 Steinberg, J. C.: “Effects of Distortion upon the Recognition of Speech Sounds,” Journal 
Acoustical Society America, 1 (1929), No. 1, p. 121. Also Fletcher “Speech and Hearing, p. 266. 

4 Sacia, C. F.: “Speech Power and Energy,” Bell System Technical Journal, 4 (1925), No. 
4, p. 627. Sacia, C. F. and Beck, C. J.: “The Power of Fundamental Speech Sounds,” Bell 
System Technical Journal, 5 (1926), No. 3, p. 463. 
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maximum mean power flow to be provided in theatres by electrical] 
sound reproducing equipment. Such a selection should allow for varia- 
tion in different types of speech as well as music. Our measurements on 
symphony orchestras in large theatres indicate that this figure is seldom 
exceeded. With speech the instantaneous peak powers may be 13 deci- 
bels above this as we shall see later. The conditions of noise and maxi- 
mum power discussed here therefore limit the intensity range worked 
with to about 50 decibels. 
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Fic. 1. Variation with Frequency of Loudness and Sensation Levels for Flux 
of 4X10 Microwatts per Square Centimeter. 


The maximum flux of acoustic power is thus 4 X 10-? microwatts per 
square centimeter. Fig. 1 shows what this means in terms of sensation 
and loudness levels for single frequencies.* The falling off at low frequen- 
cies is very marked in the case of the sensation curve. The loudness 
curve is apparently the really important one since presumably a loud- 
ness balance throughout the audible range is desirable. Evidently in 
any instance in the chain from studio to theatre where there is a limit 
to the power possible to handle, the low notes will probably be the first 
to give trouble as they require greater power for equal loudness. How- 
ever, it must be kept in mind that the presence of many partial tones 
in most signals make impossible the application of these curves to do 
more than to indicate tendencies. 


CHARACTERISTICS OF THE ELECTRICAL SYSTEM—AMPLIFIERS 


The amount of power possible from sound reproducing equipment will 
depend on the amplifiers incorporated into the apparatus and the effi- 


5 Fletcher: “Speech and Hearing,” p. 230. 
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trical ciency of the loud speakers. We must determine the maximum output 
varia- power without distortion in quality. The distortion in which we are 
its on interested in this discussion is caused by requiring amplifiers to work at 
‘dom overload conditions and is detectable as a certain fuzziness and rattle 
deci- in the reproduced sounds. Overload involves a non-linear amplification 
ae of signals and has the effect of introducing frequencies which may not 
orke 


be contained in the input.* The effect is to be avoided as it reduces ar- 
ticulation and naturalness of speech and tends to destroy quality of 
music, the degradation in quality being dependent upon the frequency 
distribution of the extraneous signal.?, We conclude that amplifying 
equipment should be designed to supply the necessary power without 
encroaching on the non-linear part of the amplification curve. 
There are several practiced methods of rating amplifiers. Those made ~ 
by the Western Electric Company are rated by their electric output at 
1,000 cycles as this frequency lies approximately in the middle of their 
pitch range and has been found to be a very useful reference frequency. 
With this method overload is said to occur when the added third har- 
monic is greater than 1 per cent of the power of the pure sine wave f 
fundamental, in the output. It remains for us to translate this rated 
capacity of the equipment into something which we can use for complex 
signals. ! 
For speech the instantaneous peak values of power rise to 20 times 
the mean.*® For example, an accented syllable like “tap” will frequently 





is = be distorted in reproduction because the instantaneous power concerned ; 

ation is greater than for most syllables. In amplification it is the peak por- 

quen- tions of the signals that are distorted at overload; the tops of sine waves ) 

dness ; 
may be flattened. If we assume that the peaks of complex waves are 

loud- subject to similar effects, we may set a value for speech and music out- 

ily - put relative to the single frequency. A ratio of instantaneous to mean ; 

limit power of 20 to 1 gives 13 decibels. Since the maximum of a sine wave is —~ 

> first 3 decibels above the average power, then the rating for speech and some 

How- types of music should be in the neighborhood of 10 decibels less than 

tones that given for single frequency. This output is that which may be com- 

to do pared with the flux of 4 x 10-? microwatts per square centimeter selected 
above. Computation of the rating in this manner is not entirely justifi- i 
able since audibility of distortion must be weighed. The type of loud 

t will 6 Willis, F. C. and Melhuish, L. E.: “Load Carrying Capacity of Amplifiers,” Bell System q 

ah. Technical Journal, 5 (1926), No. 4, p. 573. ‘ 


7 Steinberg, Joc. cit. 
8 Sacia and Beck, loc. cit. 
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speaker used is another factor. In practice it has been usually found 
safe to allow a difference of 5 decibels between the maximum mean 
power of both speech and music and the single frequency rating for high 
quality amplification. More elaborate experimental work should be 
done before positive statements in this connection are made. 


CHARACTERISTICS OF THE ELECTRICAL SYSTEM—LOUD SPEAKERS 


The electrical energy furnished by the amplifying apparatus must be 
converted into acoustic energy. The efficiency and faithfulness of this 
transformation depend on the type of loud speaker that is employed. 
With exponential horns equipped with receivers like the Western Elec- 
tric 555, efficiencies as high as 25 per cent are realized. Thus an at- 
tenuation of 6 decibels is introduced in going from electric to acoustic 
power. If the horns in a theatre are placed behind a screen, power may 
be lost in transmission and by reflection. The amount varies with the 
material, porosity, and location relative to the screen, being of the order 
of 1 or 2 decibles in tests for some screens and up to 5 decibels at 5,000 
cycles for poorer ones.!° 

We may summarize here and write down the acoustic power actually 
available for distribution into an auditorium. From the above con- 
siderations the acoustic power is about 8 decibels (6 for the horns plus 2 
for the screen) less than the electrical, and for complex signals about 13 
decibels, that is, 8 plus 5 reserve for peaks, down from the single fre- 
quency rating for reproducing equipment installed in a theatre. Thus a 
system whose electric capacity is given as 5 watts could produce 250 
milliwatts of acoustic power which compares with 40 microwatts for the 
mean power of loud vowels in ordinary conversation. 

Another important element with loud speakers is the distribution of 
their energy. Most speakers are directional to some extent in their dis- 
tribution, the horn type exhibiting this property to a marked degree." 
We consider this rather desirable in theatre work as it enables place- 
ment of sound energy where it will do the most good. It serves as a tool 
in meeting the problem of distribution in large auditoriums since much 
reverberation cannot be utilized without loss of definition. However, 
care must be exercised to see that some areas are not penalized because 


® Wente, E. C. and Thuras, A. L.: “High Efficiency Receiver of Large Power Capacity,” 
Bell System Technical Journal, 7 (1928), No. 1, p. 140. 

10 Hopkins, H. F.: “Considerations in the Design and Testing of Motion Picture Screens 
for Sound Picture Work,” Journal Society Motion Picture Engineers, 15 (1930), No. 3, p. 320. 

1 Blattner, D. G. and Bostwick, L. G.: “Loud Speakers for Use in Theatres,” Journal 
Society Motion Picture Engineers, 14 (1930), No. 2, p. 161. 
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of too great intensities on the axes of the horns. This may be illustrated 
by assuming 3 areas of 1 square foot each with sound at a sensation 
level of 80 decibels over all of them. If, through faulty distribution, one 
of the square feet were increased to a level of 83, both of the remaining 
two unit areas would be necessarily reduced to 77 decibels, assuming 
more power were not available. ; 


AUDITORIUM FACTORS 


Auditorium acoustic factors must next be considered. It remains to 
calculate the power required to produce adequate levels of sound inten- 
sity throughout a theatre. This power should depend in some way on the _ 
volume and shape of a theatre, the seating area, and the acoustic absorp- 
tion of the surfaces. The absorption present and the configuration de- 
termine the influence of reflected energy; the seating area is the surface 
over which satisfactory conditions are desired. It might be expected 
that with all these variables weighted, the required power, in general, 
will increase with the cubical content; that is, the power should be 
expressible as a function of the volume, perhaps a constant times the 
volume to an exponent less than unity. 


Ordinary reverberation theory, assuming a uniform distribution of _/ 


acoustic energy, leads to the following relation between the equilibrium 
condition of sound energy in a room and a source of constant output: 


4E 1 
"CA sa 

in which e= Average energy per unit volume at steady state. 

E= Acoustic power of source. 

A =Total acoustic absorption of room. 

C=Velocity of sound. 
In words, the formula states that if we measured the over-all average 
energy in an enclosed space, we would find it to be directly proportional 
to the power of the source and inversely proportional to the absorption 
in the space. Knowing the energy density throughout the room it is 
possible to calculate the sensation level of the sound. In decibels above 
threshold this is just ten times the logarithm of the ratio of the main- 
tained energy to the energy at zero audibility: 


L = 101 = (2) 
= Oo —o 
seal IT 


7 =energy density at threshold. 
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From this formula it appears that, if equal conditions of loudness are 
desired in all theatres, the necessary power should vary directly as the 
acoustic absorption present. Thus, a theatre having 10,000 units of ab- 
sorption (corresponding to a volume of about 280,000 cubic feet for op- 





cuBeE ROOT OF VOLUME - FEET 
Fic. 2. Optimum Reverberation Time and Cube Root of Auditorium Volume. 


ing twice the capacity of one that was adequate for a house with only 
5,000 units of absorption (120,000 cubic feet). Another slant is that, on 
the basis of this theory, the same equipment installed in these two 
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ABSORPTION N SQUARE FEE FEET 
Fic. 3. Acoustic Power for Level of 80 Decibels above 4X 10- Microwatts per 
Square Centimeter as Function of Absorption. 


timum reverberation) would require a sound reproduction system hav- a: 


houses would create hearing levels differing by only 3 decibels, a differ- 

ence which is little more than just distinguishable to the ordinary ear. 
Attempts have been made to make the optimum absorption for thea- 

tres the yardstick for power capacity of reproducing equipment possible 
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to install with satisfactory results. From the relation between optimum 
reverberation time and volume of auditorium, it is possible to compute a 
curve connecting volume and most desirable amount of absorption.” 
Hence, curves 2 to 4 may be calculated to show a theoretical relation 
connecting powers to produce a level of 80 decibels in auditoriums of 
different volume, assuming optimum absorption and a threshold flux 
of 4X 10-"* watts per square centimeter. From the curves, and what we 
have already reviewed concerning amplifiers, limits for size of theatres 
and capacity of reproducing equipment could be established. 
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VOLUME IN CUBIC FEET 


Fic. 4. Estimated Acoustic Power in Decibels above .006 Watt as a Function 
of Volume Assuming Optimum Absorption. 


Fig. 4 shows the required acoustic power in decibels above 0.006 watt 
plotted against a logarithmic scale of volume. The variables are con- 
sidered logarithmically since loudness and sensation level are logarith- 
mic functions of acoustic power. It is apparent that over the limited 
range in which we are interested the equation rather exactly expressing 


the graphed relation is: 
Pas. = 8.1 log V — 32.2. (3) 


The value of 8.1, as the slope, indicates that the power in watts will 
increase as V, in cubic feet, to the 0.81 power. Corresponding to this 
logarithmic expression is the following for the acoustic power in micro- 
watts: P = 3.64V°-!, (4) 


From what we have previously established, it follows that the electrical 
must be about 8 decibels above, and the amplifier single frequency capa- 
city some 13 decibels above the acoustic power. 

The premises of the theory leading to the above equation should be 
examined to obtain an accurate estimate of the conclusions reported in 
the preceding paragraph. The formula, 
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expresses the average conditions existing when a sound source of con- 
stant power is in equilibrium with the absorption of energy at the sur- 
faces enclosing a room. The average is to be understood as the total 
energy in the enclosed space divided by the volume. The condition of 
equilibrium means that a steady state must be reached before the equa- 
tion holds true. It can be shown that the time necessary for conditions 
to approximate the steady state is something greater than 0.3 second for 
most theatres. In speech the consonant portions of the syllables require 
only about 0.05 second for enunciation, the vowel sounds about 0.2 
second.'* Therefore, application of the equation to obtain loudness 
produced by speech sounds is open to doubt as the times dealt with are 
rather too short for the assumptions to apply in all but the smaller 
volumes. Furthermore, the theory assumes random distribution while 
it is desirable to have sound reach the audience directly from the screen 
if illusion is to be maintained. Calculations have been made showing 
that loudness at points in an auditorium is affected less than 5 decibels 
by helpful reflections." The impression of loudness is obtained mostly 
from direct energy, especially with directional sources such as horn 
speakers. Accordingly the absorption present cannot be correctly indi- 
cative of sensation level. 

The formula obviously breaks down in the limiting case of open air 
theatres, or in enclosures where the surfaces are nearly 100 per cent 
absorbent as here a modified inverse square of distance relation applies. 
As wall surfaces are made more absorbing, the assumptions necessary 
for the derivation of the formula are less applicable. Several writers 
have advocated acoustically “dead” theatres." In this event, loudness, 
and consequently amplifier output to produce it, must be figured on 
some other basis as we shall see in the next section. 

If we do not accept the absorption theory as a criterion, we must seek 
a new basis for a computation of the required acoustic power. Another 
starting point for the theoretical calculation would be the area occupied 
by an audience and presented to the horn to be covered. Thus, if uni- 
form distribution could be achieved, a reproducing system with an a- 


2 Wolf, S. K.: “Theatre Acoustics for Sound Reproduction,” Journal Society Motion 
Picture Engineers, 14 (1930), No. 2, p. 151. 

13 Crandall, I. B.: “Sounds of Speech,” Bell System Technical Journal, 4 (1925), No. 4, 
p. 586. 

4 Petzold, E.: “Elementare Raum Akustik,” 1st Ed., Bauwelt-Verlag, Berlin (1927), p. 74. 

8 Kellogg, E. W.: “Some New Aspects of Reverberation,” Journal Society Motion Picture 
Engineers, 14 (1930), No. 1, p. 96. Watson, F. R.: “Acoustics of Buildings,” 2nd Ed., John 
Wiley and Sons, New York (1930), p. 58. 
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coustic capacity of 200 milliwatts could produce a sensation level of 
80 decibels over an area of 5400 square feet, neglecting any aid from 
reflection. The same system with proper distribution would produce a 
level of 77 decibels over twice the area, 10,800 square feet. But, ob- 
viously, area alone cannot be made the sole factor; the distribution must 
be uniform and effective. Accordingly, it would be better to speak of 
“effective area” rather than “area” where the term “effective” should 
weight the efficiency of direct covering and any aid from reflection. 
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AUDIENCE AREA IN SQUARE FEET 


Fic. 5. Relation between Area Occupied by Audience and 
Auditorium Volume to the Two-thirds Power. 


We may assume that effective area will be a function of the seating 
area and hence vary in some manner as the volume of theatres. Fig. 5 
represents the variation of seating area, including aisles and crosswalks, 
with volume to the two-thirds power. The relation is suggested by the 
geometrical consideration that on an average the surface of enclosures 
increases according to the square of the cube root of the volume. Of 
course, over a large number of theatres there will be considerable devia- 
tion from the values indicated by the curve, but a general average is of 
interest and serves our purpose. The equation connecting volume and 


seating area is: 
S = 2.56V?/8, (5) 
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If we assume that aid by reflection just compensates for the increase 
of power that would be needed because of faulty distribution, then the 
effective area will be equal to the audience area. A refinement of the 
theory, which we have not attempted as yet, might consider some ap- 
plication of the inverse square law. The acoustic power in microwatts 
required to produce a sensation level of 80 decibels in an auditorium 
would be, from equation (5) and the desired flux per square foot, 


P = 95V?!3 (V in cu. ft.) (6) 
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"VOLUME IN CUBIC FEET 
Fic. 6. Estimated Acoustic Power in Decibels above .006 Watt as a Function 
of Volume on the Basis of Seating Area. 


The acoustic power in decibels referred to 6 milliwatts as a zero level is 
shown in Fig. 6. The relation is: 


Pav. = 6.7 log V — 18. (7) 


The exponent of the volume here, 0.67, compares with the value of 0.81 
obtained on the premise that the optimum absorption should govern the 
required power. 

EMPIRICAL RESULTS 


In order to check the theoretical conclusions outlined previously we 
conducted tests in nine theatres. The electric power for speech supplied 
to the horns was measured by a power level indicator. The correspond- 
ing sensation level created in the theatre was measured by means of a 
portable intensity meter designed by the Bell Telephone Laboratories, 
which need not be described here in detail. This meter had a frequency 
characteristic similar to and was calibrated against the human ear. The 
theatres were selected to cover the volume range from ten thousand to a 
million cubic feet and were of different architectural types, varying from 
single floor to orchestra plus two balconies. Six of them had less than 
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optimum absorption. The microphone pickup of the intensity meter was 
placed in several locations to insure a satisfactory overall average for 
each house. However, in most instances the distribution was quite uni- 
form. The measurements were made with comparatively few people 
present for the most part. 

Readings were taken throughout a range of about 30 decibels. For 
each theatre the observed sensation level was plotted against the corre- 
sponding amplifier output. A representative plot is shown in Fig. 7. By 
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Fic. 7. Representative Plot of Observed Electric Powers and Resultant Sensation Levels. 





extrapolation it was possible to arrive at the power required for a sensa- 
tion level of 80 decibels. These values for all the theatres were then 
plotted against volume leading to the relation shown in Fig. 8. The 
equation in this case is, 


Pas. = 7.3 log V — 21.8. (8) 


In microwatts the equation is, 
P = 40V -*, (9) 








396 JOURNAL OF THE ACOUSTICAL SOCIETY [JAN., 


Our measurements disclosed that ordinarily the sensation levels for 
speech fluctuated about an average of 65 decibels. On the occasions 
when the level fell below 60 decibels, intelligibility was difficult and 
listening a strain, especially at the higher audience noise intensities. 
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Fic. 8. Acoustic Power in Decibels above .006 Watt as a 
Function of Volume from Experimental Data. 


The limit of 80 decibels was attained by machine gun fire, cheering, and 
similar sounds.“{Our experience is that this level seems very loud, es- 
pecially when sounds are sustained over periods of time long compared 

to the time for syllable enunciation. The fact that they are in contrast 
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Fic. 9. Acoustic Power in Decibels above .006 Watt as a 
Function of Volume from Public Address Data. 


to sounds ordinarily about 15 decibels lower probably promotes such a 
conclusion. Signals with a large portion of their energy in the lower fre- 
quencies did not reach these levels, as we expected. However, their 
loudness was adequate. 

Data on public address systems collected by D. G. Blattner and J. P. 
Maxfield of the Bell Telephone Laboratories is substantially in agree- 
ment with the above. Measurements made by several observers of the 
electric power into the loud speakers at optimum audition in audi- 
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toriums of different cubical content. Because of the manner of making 
the adjustments, the sensation levels produced should correspond to 
those considered satisfactory for ordinary speech reception in a previous 
section of this paper. Making this assumption, it is possible from the 
observed volume indicator readings to compute the power necessary for 
a flux of 4X10- microwatts per square’centimeter. The results shown 
in Fig. 9 indicate that the required power increased according to the 
volume to some exponent of the order of 0.71. The algebraic relation is, 


Pav. = 7.1 log V — 21.7. (10) 
The power in microwatts is given by, 


P=41xV-™, (11) 


DISCUSSION OF RESULTS 


A comparison of the different results is best accomplished by graphi- 
cal means. Fig. 10 shows the four curves for the acoustic power required 
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Fic. 10. Comparison of Acoustic Powers for Sensation Level of 80 Decibels. 


for an 80 decibel level relative to the threshold value of 4 10-'° micro- 
watts per square centimeter, calculated on the basis of seating area, on 
the basis of optimum absorption, and obtained experimentally. The 
two empirical curves lie between the others, as might be expected, with 
the seating area relation representing the better approximation to them. 
Their slopes, 7.3 and 7.1, which are of as much interest as the actual 
magnitudes of the power, are also nearer to 6.7, the slope of the upper 
curve, than they are to 8.1. The empirical curves differ most from the 
are a relation at the lower end. The inference is that for smaller volumes 
somewhat less power is required because reflections play a more useful 
part and steady state conditions are more closely approached. This 
seems to check our view that absorption in theatres cannot be the cor- 
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rect criterion for computation of power, while it is a factor of some im- 
portance. 

It should be noted that a straight line probably does not represent 
the exact relation between acoustic power and volume. Actually we 
should expect a curve which approaches asymptotically the effective 
area values and a slope of .67 for large volumes where reflections are of 
little aid. In the case of smaller volumes there should be a droop toward 
the absorption relation as reflections play a larger part. Within the 
range and accuracy worked with, however, it seemed to the authors that 
a straight line gave the fairest representation of the results. 

Considering the nature of the work the agreement among the curves is 
good and should be regarded as substantiating but not final evidence of 
the correctness of our conclusions. There are involved many variables 
which are incapable of sufficiently exact estimation. The results may be 
used to forecast theatre requirements in most new instances. In practice 
there mut be expected some deviation due to differing structure of audi- 
toriums as affecting the reflection and distribution of sound energy, we 
have attempted to deal with averages here. 








